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A MESSAGE FROM THE PRESIDENT OF
THE INTERNATIONAL FOUNDATION FOR TELEMETERING

The Foundation is pleased to present our 35th annual International Telemetering
Conference with the Air Force theme: “Telemetry: Meeting the 21st Century
Challenge.”    Mr. Dean Bergevin, our General Chair from the Air Force Flight Test
Center, and Mr. James Tedeschi, our Technical Chair from TYBRIN Corporation have
planned an exceptional program for ITC/USA ‘99. This year’s conference has set the
record for the most papers, sessions, exhibits, and short courses in ITC history. I would
like to thank every member of the 1999 ITC Committee for your outstanding volunteer
contributions this year.   We are all looking forward to hearing about the Airborne Laser
Program from Major General Don Lamberson,USAF(ret.) at our Keynote Luncheon.
Don’t miss our Blue Ribbon Panel chaired by Mr. Robert Kennington, Director, Technical
Directorate, Air Force Flight Test Center, which will focus on the impact loss of RF
Frequency Spectrum will have on the use of telemetry for testing.

Over the years, ITC earnings have been donated to several universities to assist them in the
development of academic curriculums that emphasize telemetering.  All of our sponsored
Universities - New Mexico State, University of Arizona, Brigham Young University, and
University of Missouri - Rolla, are actively including telemetry in their academic
curriculums, as well as ensuring that their students participate in our Student Paper Contest
and the conference itself.

The IFT Board of Directors was pleased to have Mr. James A. Papa join the Board this
year in preparation for this exciting Air Force year.  At the same time, the Board is sorry to
lose Mr. Alain Hackstaff, who served as the ITC Exhibits Chairman from 1980 – 1985,
and as a Director of the IFT Board since 1988.  Our best wishes and sincerest thanks to Al
for his outstanding contributions to the telemetering profession.



ITC/USA 2000 will be held in San Diego.  As the first conference of the new millennium,
the theme for our Navy year will be:  “ Telemetry: Adapting to a Modern World.”  Mr.
Sandy Rogers from the Naval Air Warfare Center Weapons Division and Mr. Dan Skelley
of Naval Air Warfare Center Aircraft Division will serve as General and Technical Chairs,
respectively.  Start planning now to participate in what promises to be one of our most
exciting and informative conferences ever!

Lawrence R. Shelley
President, IFT





WELCOME TO ITC/USA ’9 9

We are pleased to present the 35th Annual International Telemetering Conference
(ITC/USA ‘99). ITC/USA ‘99 continues the tradition of providing the telemetering
community with a forum for discussing current activities, accomplishments, new
innovations, and future requirements. The ITC/USA ’99 theme is “Telemetry: Meeting the
21st Century Challenge.” In keeping with the theme, the telemetry challenges and
opportunities of the new millennium will be showcased in the conference’s special events,
technical sessions, and extensive exhibitor displays.

ITC/USA ‘99 is the largest ever. Join us at the Blue Ribbon Panel and Keynote Luncheon
where our distinguished speakers will discuss topics of direct interest to the telemetry
community. The expanded technical program includes 23 sessions and 5 special sessions
with over 150 technical papers on telemetering developments, applications, and future
requirements. We have once again scheduled a large selection of short courses to provide
instruction on a variety of topical subjects. Plan to attend a short course as part of your
conference experience.

The exhibits program is the largest ever, with more than 125 exhibitors occupying more
than 270 booth spaces in the recently expanded and renovated Riviera Hotel and
Convention Center. We have extended the time available to view the exhibits in the two
large exhibit halls. The exhibits give telemetry professionals an unparalleled opportunity to
learn about leading-edge equipment and services. We thank all of our exhibitors for their
support of this conference and the companies who generously support our efforts to
improve the conference through the sponsorship program.

This year’s ITC/USA conference is once again brought to you through the efforts of a staff
of dedicated volunteers from industry and government. This conference would not be

Dean H. Bergevin
General Chairman

James R. Tedeschi
Technical Program Chairman



possible without the yearlong labors of these talented and hardworking people. We also
thank the International Foundation for Telemetering for their sponsorship of this
conference and their efforts to advance the field of telemetering. We express our
appreciation to all of the people who agreed to speak at our conference, all of the authors
who provided technical papers and presentations to discuss telemetry technology, our
session chairmen, and our class instructors. We especially thank you for making the
conference a success through your attendance and participation.



ITC/USA ’99 KEYNOTE LUNCHEON SPEAKER

Dr. Donald L. Lamberson
Airborne Laser Program

The Airborne Laser (ABL) is the first major acquisition program to provide a directed
energy weapon for the United States Air Force. This very large laser weapon system flying
on a Boeing 747-400 will demonstrate the destruction of theater ballistic missiles in boost
phase.  In combat operations the ABL will join other weapon systems to provide a robust
missile defense. The status of the program and its implications to the Air Force will be
discussed.

Dr. Donald L. Lamberson spent 35 years on active duty with the USAF, retiring in 1989 as
a Major General. While on active duty he was closely associated with the research,
development, and testing of laser weapons, precision stride conventional weapons, and
nuclear weapons.

He was program manager of the Airborne Laser Laboratory, (ALL) which demonstrated in
the early 1980’s that a high-energy laser on an aircraft could repeatedly destroy air-to-air
missiles in flight. Since 1989 he has been active in the Scientific Advisory Board of the
USAF as well as a number of independent government panels reviewing various laser,
microwave, and space programs. He specifically has been involved in the USAF Airborne
Laser program, ABL (successor to ALL), from its inception, formulation, and concept
development in 1991.  He holds a bachelor’s degree from Purdue University and a
master’s and doctorate from the Air Force.



BLUE RIBBON PANEL

Robert Kennington, Blue Ribbon Panel Chairman

Bob Kennington is currently the Director of the Technical
Directorate, 412 Test Wing, Air Force Flight Test Center,
Edwards Air Force Base, California. He has over 26 years of
experience in all aspects of ground and flight testing of
aerospace weapon systems. He arrived at Edwards AFB in
1972 as an enlisted military engineer, and after serving 4
years in uniform he became a civilian Air Force employee. He
has served in a wide array of engineering and management
positions at Edwards, working on programs such as the B-1A,
B-1B, Air Launched Cruise Missile (ALCM), multiple fighter
programs, YC-14, YC-15, and numerous classified programs.
He served as Division Chief of the Range Division and

Avionics Division before assuming his current duties in January 1998. He is a member of
the Executive Committee of the Range Commanders Council (RCC) and is currently the
leader of the RCC Spectrum Defense Red Team. He holds a B.S. in Aerospace
Engineering from Auburn University and a Master of Science degree in Engineering from
California State University, Northridge.

Bill Rymer, Blue Ribbon Panelist

Mr. Rymer began work in Naval Aviation as a student at
Patuxent River, MD in 1962 in the Data Systems lab of Flight
Test Instrumentation. He possesses a BSEE, from West Va.
Univ. ’66, and a MSEE, from Purdue ’67. He developed the
specifications, procured and managed the Real-time Telemetry
Processing System  (RTPS) installed at the Naval Air Test
Center in 1973. RTPS was the first successful system of its kind
in DoD, handling over 20,000 test operations between 1973 and
1990. This was a major factor in Pax's ability to support F-18
and AV-8B  FSD  principal site testing.

Bill is currently head of Patuxent’s Telemetry Division and
Real-time Telemetry Processing System (RTPS) Team. He is Vice Chair of the Telemetry
Standards Coordinating Committee of the International Foundation for Telemetering (IFT.)
He was Technical Chairman of the International Telemetering Conference in 1995
(ITC/USA ’95), and on 10/29/97 was awarded the Pioneer Award in Telemetry by the
IFT.



He worked a technical specialty in spectral analysis and vibration and continues to consult
on technical problems in that area. Bill played a major role in the construction of the new
Telemetry Data Center at Cedar Point. He was chairman of the RCC "IRIG" Telemetry
Group for 1990-91, has been in the group since 1981 and is Chair of their Data Multiplex
Committee continuing to help produce standards in the telemetry field. He has guest-
lectured on data systems at the Navy's Test Pilot School for over 20 years.

William (Ken) Keane, Blue Ribbon Panelist

William K. Keane, a partner in Arter & Hadden LLP based in
Washington, D.C., practices telecommunications law.  Mr.
Keane has been in private practice since 1979. Prior to that he
was a trial attorney with the Federal Communications
Commission for seven years. Mr. Keane's clients include trade
associations, broadcast station owners, firms active in
wireless cable, and common carriers.

Mr. Keane focuses much of his practice on the representation
of clients in spectrum management matters. This includes, for
example, advocacy on behalf of an association of aerospace
companies in defense of spectrum allocated for flight testing,

and the representation of a group of manufacturers on legislative and regulatory matters
affecting private radio auctions and licensing.

In the telecommunications area, Mr. Keane represents radio and local exchange carriers.
This representation includes participation in FCC rulemakings and licensing, and advice
regarding the schools and libraries (or “e-rate”) program. For example, on behalf of local
exchange carrier interests, Mr. Keane has litigated successfully issues at both the Federal
and State levels, securing results that have been precedent-setting.

Mr. Keane has authored a number of articles on telecommunications issues, the most
recent of which analyzes Federal spectrum transfers in connection with the Navy’s
Cooperative Engagement Capability program.



Raymond Marler, Blue Ribbon Panelist

Mr. Raymond Marler, Spectrum Management Division Chief,
National Training Center, Fort Irwin, California.

Mr. Marler spent from June 1967 until December 1988 in the
United States Army Communications field. He has had
numerous assignments in the Spectrum field, to include
Spectrum Manager of the 24th Infantry Division, 1976 – 1978;
Army Readiness Action Agency Frequency Manager, 1978 –
1982; Spectrum Manager, CINCSOUTH Panama, 1982 –
1985; NTC Frequency Manager, 1985 – 1987; Joint Task
Force Middle East Spectrum Manager, 1987 – 1988; and
Chief of the Spectrum Management Division, NTC 1989 to

present.

Mr. Marler is an active member of the Spectrum community with positions in the Army
Member Mojave Coordination Group (MCG); NTC Member to RCC Frequency Managers
Group; Technical Representative to the Range Commanders Counsel for NTC.

James Hollandsworth, Blue Ribbon Panelist

Mr. Hollansworth received his Bachelor of Science in
Business Administration from Arizona State University. He
has been involved with the implementation of terrestrial and
satellite communications systems since WESTAR I. Mr.
Hollansworth has been with NASA Glenn Research Center
(GRC) in Cleveland, Ohio, since 1978 as a
Telecommunications Specialist in the Advanced
Communications Technology Satellite (ACTS) Project Office
and most recently the NASA Spectrum Management Office.

In his current position, Mr. Hollansworth is responsible for
orbit/spectrum and regulatory advocacy; Digital Audio Radio

Broadcast Program Management; development, implementation and use of the
GSOSTATS and LEOSTATS databases, and ongoing communications market studies,
satellite transponder capacity (domestic and international).

Prior to joining NASA, Mr. Hollansworth was with the Western Union Telegraph
Company's WESTAR satellite group in Upper Saddle River, New Jersey.



Mr. Hollansworth is presently a member of Society of Satellite Professionals International,
American Marketing Association, United States Power Squadron, and Society of Antique
Boat Owners.

Derrick Hinton, Blue Ribbon Panelist

Derrick Hinton, Project Director, Test Technology
Development & Demonstration, Office of the Under Secretary
of Defense (Acquisition & Technology)
Test Systems, Engineering & Evaluation/Resources and
Ranges
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ITC/USA ’99 SHORT COURSES

BASIC SYSTEMS CONCEPTS
Instructor: Norm Lantz, The Aerospace Corporation
Four 3-hour sessions (All day Monday, Tuesday Afternoon, Wednesday Afternoon)
This course is designed for the individual who wants to understand the basics of telemetry
system design. The design of a telemetry system is addressed from the system perspective
and sensor/requirements to the RF link design considerations. This course is intended as a
comprehensive introduction to the design of the telemetry system.

INTERMEDIATE CONCEPTS
Instructor:  Jud Strock, Consultant
Four 3-hour sessions (All day Monday, Tuesday Afternoon, Wednesday Afternoon)
This course is designed for the somewhat experienced user. It includes a discussion of
technology covering the entire system including signal conditioner, encoder, radio link,
recorder, preprocessor, computer, workstations, and software. Specific topics include
1553, CCSDS Packet, the Rotary Head Recorder techniques, Open System Architectures,
and Range Communications.

ELECTROMAGNETIC COMPATIBILITY PRINCIPLES FOR HIGH-SPEED
DIGITAL DESIGN
Instructor: Dr. James Drewniak, University of Missouri-Rolla
Two 3-hour sessions  (All day Monday)
This short course introduces general EMC design principles with emphasis on and
application to high-speed digital design on multi-layer printed circuit boards. Fundamental
EMC principles are presented, and EMC design for high-speed PCB applications is
discussed through numerous examples. The intended audience is electrical engineers that
design, build, or support functioning hardware that require a better understanding of
electromagnetic interference processes, and grounding and shielding applications.

ERROR CONTROL CODING
Instructor: Dr. Michael Rice, Brigham Young University
Two 3-hour sessions  (All day Monday)
An overview of the basic principles of error control coding including a description of
various codes and the impact on system level design. -Topics that will be covered include
block codes, convolutional codes, error control strategies, and impacts of channel coding
on real systems.



OVERVIEW OF TELEMETRY
Instructor: Dr. Jim Means, SRI International
Two –hour sessions (All day Monday)
This course provides an introduction to telemetry systems. This course is intended for
professionals with a need for basic understanding of telemetry systems. This course will
use the Defense Test and Evaluation Professional Institute (DTEPI) CD-ROM on
telemetry and will cover basic theory and applications.

BASICS OF RADIO PROPAGATION
Instructor:  Dr. Stephen Horan, New Mexico State University
Two 3-hour sessions  (All day Monday)
This course will investigate the basic issues in radio propagation beyond normal free-space
propagation. The focus of the class will be on the physical effects encountered in the
atmosphere and the environment that degrade radio links. Types of propagation effects to
be presented include multipath, Doppler, rain fading, antenna wetting, and diffraction.
Standard definitions and references to available resources will also be included.

PERFORMANCE-BASED SENSOR SELECTION, GI-GO (Garbage In-Garbage
Out, OR Good-Input-Good-Output?)
Instructor:  Jon Wilson, Principal Consultant, The Dynamic Consultant, LLC
Two 3-hour sessions  (All Day Monday)
This one-day tutorial provides a better understanding of transducer characteristics and
specifications. Participants will learn how to interpret transducer specifications, define
necessary performance characteristics for specific applications, and how to select the best
transducer for their applications. Topics covered will include basic transducer
mechanisms, transducer performance characteristics, transducer environmental effects,
cabling and interconnections and signal conditioning.

CCSDS TELEMETRY
Instructor:  Mr. Mike Williams, Mr. Siragan Ozkan, Avtec Systems
Two 3-hour sessions  (All day Monday)
Provides the Consultative Committee for Space Data Systems (CCSDS) recommendations
for packet telemetry and command systems. Topics include packet telemetry, telemetry
channel coding, packet telecommand, and command operating procedure (COP-1). Case
studies will be presented exploring current CCSDS satellite and ground systems
architectures. This course will also provide an overview of the Space Communications
Protocol Standards (SCPS).



GPS
Instructor: Ed Weston, Naval Air Warfare Center
Three 3-hour sessions (All day Monday, Tuesday Afternoon)
This is a new and shortened course on GPS. In addition to normal overview it will focus
on an in-depth analysis of GPS Navigation Message and GPS Telemetry Data Stream.



About the International Foundation for Telemetering (IFT)

The International Foundation for Telemetering (IFT) is a nonprofit organization dedicated
to serving the professional and technical interests of the "Telemetering Community." On
May 11, 1964, the IFT was confirmed as a nonprofit corporation in accordance with the
applicable laws of the State of California. Our "Articles of Incorporation" are on file with
the State of California and available from the IFT upon request.

The basic purpose of the IFT is the promotion and stimulation of technical growth in
telemetering and its allied arts and sciences. This is accomplished through sponsorship of
technical forums, educational activities, and technical publications. The Foundation
endeavors to promote unity in the "Telemetering Community" it serves, as well as ethical
conduct and more effective effort among practicing professionals in the field.

All activities of the IFT are governed by a Board of Directors selected from industry,
science, and government. Board members are elected on the basis of their interest and
recognition in the technical or management aspects of the use or supply of telemetering
equipment and services. All are volunteers who serve with the support of their parent
companies or agencies and receive no financial reward of any nature from the IFT.

The IFT Board meets twice annually--once in conjunction with the annual ITC and, again,
approximately six months from the ITC. The Board functions as a senior executive body
that hears committee and special assignment reports and reviews, adjusts, and derives new
policy as conditions dictate. A major Board function is that of fiscal management,
including the allocation of funds within the scope of the Foundation's legal purposes.

The IFT sponsors the annual International Telemetering Conference (ITC). Each annual
ITC is initially provided working funds by the IFT. The ITC management, however, plans
and budgets to make each annual conference a self-sustaining financial success. This
includes returning the initial IFT subsidy as well as modest earnings--the source of funds
for IFT activities such as its education support program. The IFT Board of Directors also
sponsors the Telemetering Standards Coordination Committee.

In addition, a notable educational support program is carried out by the IFT. The IFT has
sponsored numerous scholarships and fellowships in telemetry-related subjects at a
number of colleges and universities since 1971. Student participation in the ITC is
promoted by the solicitation of technical papers from students with a monetary award
given for best paper at each conference.

The Foundation maintains a master mailing list of personnel active in the field of telemetry
for its own purposes. This listing includes personnel from throughout the United States as



well as from many other countries since international participation in IFT activities is
invited and encouraged. New names and addresses are readily included (or corrected) on
the IFT mailing list by writing to:

International Foundation for Telemetering
5959 Topanga Canyon Blvd, Suite 150

Woodland Hills, California 91364
phone:  (818) 884-9568.



About the International Telemetering Conference (ITC)

The International Telemetering Conference (ITC) is the primary forum through which the
purposes of the International Foundation for Telemetering are accomplished. It is the only
nationwide annual conference dedicated to the subject of telemetry. This conference
generally follows an established format which includes presentation of technical papers
and exhibition of equipment, techniques, services and advanced concepts provided, for the
most part, by the manufacturer or the supplying company. Tutorial courses are also offered
at the conference. To complete a user-supplier relationship, each ITC often includes
displays from major test and training ranges and other government and industrial elements
whose mission needs serve to guide manufacturers to tomorrow's products. 

Each ITC is normally two and one half days in duration preceded by a day of tutorials
(which may extend to two or three days) and standards meetings. A Blue Ribbon Panel, to
which all conferees are invited, is generally the initial event. A Chairman and Panel
Members  prominent in their respective fields form the Blue Ribbon Panel which addresses
a particular theme and is also available for questions from the audience. The purpose of
this event is to highlight and further communicate future concepts and equipment needs to
developers and suppliers. From that point, papers are presented in four half-day periods of
concurrent Technical Sessions that are organized to allow the attendee to choose the topic
of primary interest. The Technical Sessions are conducted by voluntary Technical Session
Chairmen and include a wide variety of papers both domestic and international. 
Additionally, the program offers a Keynote Luncheon featuring a distinguished speaker
who will discuss a topic of direct interest to the telemetry community.

Each annual ITC is organized and conducted by a General Chairman and a Technical
Program Chairman selected and appointed by the IFT Board of Directors. Both chairmen
are prominent in the organizations they represent (government, industry, or academic);
they are generally well-known and command technical and managerial respect. Both have
most likely served the previous year's conference as Vice or Deputy Chairman. In this
way, continuity between conferences is achieved and the responsible individual can
proceed with increased confidence. The chairmen are supported by a standing Conference
Committee of over twenty volunteers who are essential to the conference organizational
effort. Both chairman, and, for that matter, all who serve in the organization and
management of each annual ITC do so without any form of salary or financial reward. The
organizational affiliate of each individual who serves not only agrees to the commitment of
his/her time to the ITC but also assumes the obligation of that individual's ITC-related
expenses. This, of course, is in recognition of the technical service rendered by the
conferences. 



Those companies and agencies that exhibit at the ITC pay a floor space rental fee. These
exhibitors thus provide the major financial support for each conference. Although the
annual chairmen are credited for successful ITCs, the exhibitors also deserve high praise
for their faithful and generous support over the years. 

A major feature of each annual ITC is the Book and CD-ROM containing the proceedings
(including all technical papers) of the conference. The Book or CD (attendee's choice) is
given to each conference registrant (with a paid regular registration) at the registration
desk. The CD-ROM generally contains proceedings and technical papers from multiple
prior conferences as well as the current conference. It is produced by members of the
conference committee and is available for purchase after the conference through the
Foundation's web site, www.telemetry.org.



About the Telemetering Standards Coordination Committee (TSCC)

The Telemetering Standards Coordination Committee (TSCC) is chartered to serve as a
focal point within the telemetering community for the review of standards documents
affecting telemetry proposed for adoption by any of the various standards bodies
throughout the world. It is chartered to receive, coordinate, and disseminate information
and to review and coordinate standards, methods, and procedures to users, manufacturers,
and supporting agencies.

The tasks of the TSCC include the determination of which standards are in existence and
published, the review of the technical adequacy of planned and existing standards, the
consideration of the need for new standards and revisions, and the coordination of the
derivation of new standards. In all of these tasks, the TSCC's role is to assist the agencies
whose function it is to create, issue, and maintain the standards, and to assure that a
representative viewpoint of the telemetering community is involved in the standards
process.

The membership of the TSCC is limited to 16 full members, each of which has an
alternate. Membership of technical subcommittees of the TSCC is open to any person in
the industry who is knowledgeable and willing to contribute to the committee's work.  The
16 full members are drawn from government activities, user organizations, and equipment
vendors in approximately equal numbers. To further ensure a representative viewpoint, all
official recommendations of the TSCC must be approved by 10 of the 16 members.

Since its beginning, a prime activity of the TSCC has been the review of standards
promulgated by the DoD Range Commanders' Council (RCC)--formerly those of the
Inter-Range Instrumentation Group (IRIG) and later, those of the Telemetry Group (TG).
These standards, used within the Department of Defense, have been the major forces
influencing the development of telemetry hardware and technology during the past 30
years. In this association, the TSCC has made a significant contribution to RCC documents
in the fields of Radio Frequency (RF) telemetry, Time Division (TD) telemetry, Frequency
Modulation (FM) telemetry, tape recording and standard test procedures.

As the use of telemetering has become more widespread, the TSCC has assisted
international standards organizations, predominately the Consultative Committee for Space
Data Systems (CCSDS). In this relationship, the TSCC has reviewed standards for
telemetry channel coding, packet telemetry, and telecommand.



DEPARTMENT OF ELECTRICAL and COMPUTER ENGINEERING
The University of Arizona

TELEMETERING PROGRAM - STATUS REPORT
Fall 1999

Personnel
The President of the University of Arizona (Dr. Peter Likins), the Dean of the College of
Engineering and Mines (Dr. Tom Peterson), and the Department Head of Electrical and
Computer Engineering (Dr. John Reagan) have all been in their new positions for more
than a year. They are very supportive of telemetering activities. New faculty includes Dr.
Jennifer Barton, an Assistant Professor in the biomedical engineering program, and Dr. Bill
Ryan, an Associate Professor working in communication theory and coding for data
transmission and storage.

Activities
Many of our students are involved with interdisciplinary campus wide projects, which
utilize telemetering systems. These include the University of Arizona Student Satellite
Project (uasat.arizona.edu) and the University of Arizona Solar Car Project
(www.solarcar.arizona.edu).

The student satellite project is designing, fabricating, testing, and eventually operating a
scientific satellite in low earth orbit. The science experiments will include observations of
lightning and sprites, stellar photometry, and a laser communications experiment.  UASat
is now in the preliminary design phase. There are seven teams responsible for each of the
major subsystems: Data and Command Handling; Guidance, Navigation and Controls;
Laser Communication Experiment; Mechanical Structure and Analysis; Power Generation
and Distribution; Science; and Tracking, Telemetry and Command. A new Systems
Integration team has just been formed.  Each team has a student leader and one or more
faculty mentors. This semester, there are over 110 students from more than 10 departments
working together under the guidance of 10 faculty mentors.

The students working on the solar car project have completed the design and construction
of a solar powered vehicle, which ran in the Sunrayce 99 competition from Washington
DC to Orlando FL in June 1999.  A real time telemetering system between the solar car
and the chase vehicle was crucial to the energy management tactics which helped
determine the winner of the race. The team performed extremely well for their first attempt
in this event, as documented on the web site.

In Spring 1998, by invitation, Professor Schooley taught the course in Radiowaves and
Telemetry in the Department of Electrical and Electronic Engineering at the University of



Canterbury in Christchurch, New Zealand. Twenty-three Masters students successfully
completed the course, which represented the largest credit enrollment in any graduate
class. Student team projects included design of telemetering systems for bobsled
optimization, snow avalanche prediction, and animal tracking. One student paper
presented at ITC/USA ’98 and two at ITC/USA ’99 resulted from this work.

The course is currently being taught to fifteen seniors and graduate students at the
University of Arizona. Term projects include design of the telemetering systems for the
student satellite project and the next generation solar car design. Student papers on these
projects will be submitted for next year’s conference.

IFT Fellows
The first two IFT fellows, Derek Hutton and Scott Raby, have graduated and taken jobs
with industry. Derek works for Arete Associates and Scott for Boeing. Last years fellow
was Jim Engle, an industrial engineer and Geographic Information System specialist from
Nevada who is pursuing a MSEE degree in remote sensing. This years fellowship has been
awarded to Bradley Dworak, a new student from the University of Nebraska who is
interested in biomedical engineering.

International Foundation for Telemetering Design Laboratory
A generous contribution from the foundation has permitted the initiation of this new
laboratory, which is intended for development of undergraduate and graduate design
projects related to the telemetering disciplines. We have selected a room in the building
occupied by the ECE Department at the University of Arizona, and are proceeding to
acquire the initial complement of equipment. It is anticipated that the laboratory will be in
use during the 1999-2000 academic year.



The BYU Telemetering Program

BYU IFT Endowment Fund

The BYU IFT Endowment Fund was established in 1997 through contributions from
the International Foundation for Telemetering and the College of Engineering and
Technology at Brigham Young University. The endowment fund generates approximately
$16,000 per year and is used for student stipend support, student tuition support, student
travel, and supplies. These funds are used to supplement existing grants from government
and corporate sources in support of undergraduate and graduate students working on
telemetry related projects.

BYU Telemetering Laboratory

The BYU Telemetering Laboratory is located in Room 424 of the Clyde
Engineering Building on the BYU campus and currently provides space for 5 student work
areas with computers, desks, a common project work area and a small library with past
ITC Proceedings. We are currently processing channel sounding data from Edwards Air
Force Base in cooperation with ARTM to parameterize a channel model for multipath
fading, as well as projects in multipath mitigation and error control coding for aeronautical
telemetry applications funded by ARTM and AFOSR, and a project in software radio
architectures funded by internal sources at presentThis past year 3 graduate and 4
undergraduate students have worked in the laboratory.

BYU ITC Participation

BYU has been an active participant in the International Telemetering Conference since
1993. At last year’s conference (1998), 3 papers by BYU authors were presented in the
technical sessions, 2 of which placed in the student paper contests, and the short course
Error Control Coding was presented by Professor Michael Rice of BYU.



Telemetering and Telecommunications Program Activities:
New Mexico State University

Stephen Horan, Program Chair
Klipsch School of Electrical and Computer Engineering

I.     Chair Status

The Telemetering and Telecommunications Chair at New Mexico State University will
officially become the Frank Carden Chair in honor of Dr. Frank Carden who lead the
development effort to establish the endowed chair at NMSU. Dr. Stephen Horan is the
current holder of the Chair and director of the program. Drs. James LeBlanc and Phillip
DeLeon are the Associate Directors of the program.

I.     Scholarship Program

The IFT-sponsored scholarship program continues to support students at the under-
graduate and graduate levels at NMSU. The scholarship program awards three
scholarships each year to students in the electrical and computer engineering program and
one scholarship to a student in the computer science program. The four winners of the
scholarships for the 1999-2000 academic year will be announced and presented at the ITC
Conference.

I.     ITC Participation

The New Mexico State University program will be represented by a display booth in the
ITC exhibits area. The booth will highlight our program's educational and research efforts.
NMSU will supply the instructor for one short course to be presented at the ITC. Dr.
Stephen Horan will present a one-day course on radio propagation. Faculty and students
have authored three papers for the ITC technical program.

I.     Student Paper Contest Participation

One student paper has been submitted for the graduate-division of the student paper
contest. This paper by Atle Borsholm describes the modeling of rain effects on antennas at
Ka-Band developed as part of the NASA ACTS propagation campaign.

I.     Program Enhancement

NMSU continues to strengthen its academic, outreach, and research programs with the
assistance of the IFT. The Board of Directors made a grant to NMSU to purchase the



communications gear for the Citizen Explorer satellite being developed by the University
of Colorado. That equipment will be on the satellite scheduled for launch in late 1999.
Based on this effort, NMSU has partnered with UC and Arizona State University to build
and operate three satellites as part of the U.S. Air Force University Nanosatellite program.
This will give students actual experience in the design and operation of satellites.



Telemetry Learning Center at
University of Missouri – Rolla

On-Campus Education
The Telemetry Learning Center (TLC) at the University of Missouri – Rolla (UMR)

seeks to develop new courses directly related to telemetry applications, and to introduce
telemetry problems and projects into the existing curriculum. Since the IFT funding began,
new courses have been created in the areas of telemetry systems, communications
electronics and real-time digital signal processing for communications. Modifications have
been made to other courses, including advanced communications, electromagnetic
compatibility and capstone design. A variety of student projects now include telemetry
subsystems, such as structural health monitoring of civil engineering structures, health
monitoring and performance analysis of composite propellers, telemetry for autonomous
vehicles, solar powered automobiles, and SAE formula race cars. The university will have
vehicles with telemetry systems participating in the GM / DOE / EDS Sunrayce 99,
Society of Automotive Engineers Formula FSAE 99 competition, and the IEEE Region 5
Robotic Devices Contest.  Plans are underway for participation in the Federation
International Robot-soccer Association competition.

Distance Education
Faculty from a broad range of disciplines participate in the TLC, including faculty

specializing in communications, image processing, electromagnetic compatibility and
power distribution. To support distance education, these faculty have developed World
Wide Web resources for telemetry applications, EMC, and real-time digital signal
processing. Dr. James Drewniak will present a short course on Electromagnetic Principles
at ITC/USA 99.

Laboratory Development
The IFT funds are being combined with funding from industry, the National Science

Foundation and the State of Missouri to improve laboratories to allow more students to
design and test hardware prototypes. The equipment being purchased includes high
frequency sources, scopes and spectrum analyzers, printed circuit board fabrication
equipment, SMT assembly and rework stations, and assorted test equipment.



 The “Best” Conference Paper Finalists

The ITC would like to recognize the six finalists of the “Best” conference paper contest:

“Photonic Remoting of the Kwajalein Missile Range Post Impact Telemetry System,”
Dr. Mohamed Abouzahra and Frank C. Robey, MIT Lincoln Laboratory
Presented in Session 8

“Flight Test Instrumentation of the Push-Pull Effect on a CF-18 Aircraft,” Captain Reuben
Caballero, Canadian Forces Base, Cold Lake
Presented in Session 21

“Spectral Efficiency and Adjacent Channel Interference Performance Definitions and Requirements for
Telemetry Applications,” Dr. Kamilo Feher, Digcom, Inc., Robert Jefferis, TYBRIN Corporation,
and Eugene Law, Naval Air Warfare Center Weapons Division
Presented in Session 11

Viterbi and Serial Demodulators for Pre-coded Binary GMSK,” Gee L. Lui and Kuang Tsai, The
Aerospace Corporation
Presented in Special Session-GMSK

“A PC Database and GUI for Telemetry Data Reduction”, Lee Reinsmith and Steve Surber,
TYBRIN Corporation
Presented in Session 16

“ARTM Channel Sounding Results-An Investigation of Frequency Selection,” Dr. Michael Rice, David
de Gaston, Adam Davis, Gus German, and Christian Bettwiser, Brigham Young University
Presented in Special Session-Improved Use of RF Spectrum

The winner of the “Best” Conference Paper will be announced at the Conference.



Student Paper Contest Winners

ITC/USA ’99 proudly salutes the authors of the winning conference papers!

Undergraduate:

1st Place: “Doppler Bandwidth Characterization of ARTM Channel Sounding Data,” David Landon,
Brigham Young University
Presented in the Special Session- Improved Use of RF Spectrum

2nd Place: “Autonomous Soccer-Playing Robots: A Senior Design Project,” Jed M. Kelsey, Brigham
Young University
Presented in Session 19

Graduate:

1st Place: “Coded Orthogonal Frequency Division Multiplexing for the Multipath Fading Channel,”
Kenneth Welling, Brigham Young University
Presented in Session 21

2nd Place: “Modeling of the Surface Attenuation Effects of Rain on Composite Antenna Structures at
KA-Band,” Atle Borsham, New Mexico State University
Presented in Session 19



TABLE OF CONTENTS

Session 1, Error Analysis
Chair:  Jerry Proctor, SPARTA, Inc.

99-01-1 “Optimization of Reference Waveform Filters in Coherent Delay Locked
Loops,” Upul Gunawardana, Motorola, Inc. and Dr. Kurt Kosbar, University
of Missouri-Rolla

99-01-2 “Effects of Multipath-Induced Delay Distortion on PCM/FM for
Encanistered Missiles,” Roger M. Vines, Naval Surface Warfare Center
Dahlgren Division

99-01-3 “An Analysis of Error Tolerance Property of Spread Spectrum
Sequence,” Daming Hu and Tingxian Zhou,  Harbin Institute of Technology

99-01-4 “The Great Frequency Deviation Automatic Measuring of Telemetry
Transmitter,” (Ms) Bixian Luo and Jian Luo, Beijing Research Institute of
Telemetry

99-01-5 “State Evaluation of Telemetry System,” LiuCheng Miao, Beijing Institute
of Tracking & Telecommunication Technology

99-01-6 “Analysis of Hybrid FDMA/CDMA Systems in Rician Fading,” Haiou
Zheng and Naitong Zhang, Harbin Institute of Technology

Session 2, Space Applications (Programs)
Chair:  Diem (Richard) Nguyen, Lockheed Martin

99-02-1 “Utilization of Field Programmable Gate Arrays and Digital Signal
Processing Microprocessors in an Advanced PC TT&C SATCOM
System,” Tom Meyers, L-3 Communications Telemetry & Instrumentation

99-02-2 “Commercial Off The Shelf Data Acquisition System for the Space Shuttle
Solid Rocket Booster Program,” Kevin Crawford, NASA Marshall Space
Flight Center and David Pinkleton, Boeing North American Inc.

99-02-3 “Development of PC-Based Spacecraft Simulator for EOS Ground System
Testing,” Estelle Noone, Kevin Parker, and Janice Swope, Computer Sciences
Corporation



99-02-4 “A LabVIEW-Based Channel Error Simulator,” Dr. Stephen Horan, New
Mexico State University

99-02-5 “Comparison of File Transfer Using SCPS FP and TCP/IP FTP over a
Simulated Satellite Channel,” Dr. Stephen Horan and Ru-hai Wang, New
Mexico State University

99-02-6 “Analysis on the Coverage Characteristics Of Glonass Constellation,” Hui
Liu and Qishan Zhang, Beijing University of Aeronautics & Astronautics

Session 3, Range Applications (Facilities)
Chair: Harold (Skip) Ohs, Computer Sciences Corporation

99-03-1 “Volumetric 3D Visualization of Test and Evaluation Operations,” James
Briggs, Air Force Flight Test Center, Michael Deis, 46th Test Wing, and Dr.
Jason Geng, Genex Technologies, Inc.

 99-03-2 “Design of a Multipurpose Ku-Band Station,” Klaus Nötzel,
Deutsche Telekom AG

99-03-3 “A New Home for White Sands Missile Range Telemetry Data in the New
Millennium,” Henry L. Newton and Gary L. Bones, White Sands Missile
Range

99-03-4 “Mobile All Terrain Telemetry and Data Display Vans,” Bruce Lipe and
Tom Cronauer, Air Force Flight Test Center

99-03-5 “Mobile Operations Facility in Support of the X-33 Extended Test Range
Alliance,” Robert Palmer, TYBRIN Corporation and Glen Wolf, SPARTA,
Inc.

99-03-6 “Remote Control of Two Axis Auto-Tracking Telemetry Antennas,” Tom
Cronauer, Air Force Flight Test Center and Brian Eslinger, TYBRIN
Corporation

99-03-7 “Today's Technical Control Center,” Brian Eslinger and Rob Palmer,
TYBRIN Corporation and Darryl Watkins, Computer Sciences Corporation



Session 4, Data Processing (Techniques)
Chair:  Kenneth Smith, Naval Air Warfare Center Weapons Division

99-04-1 “Advanced Simulation Tools to Model and Analyze Operational
Environments,”
Douglas J. Claffey, Analytical Graphics, Inc.

99-04-2 “A Survey of Scalable Real-Time Architectures for Data Acquisition
Systems” Louis J. DeBenedetto, Myriad Logic, Inc.

99-04-3 “A Comparison of Four Methods of High Bit Rate Data Relay,” Richard J.
Fuentes and Michael L. Winstead, White Sands Missile Range

99-04-4 “Design and Calibration of an Airborne Multichannel Swept-Tuned
Spectrum Analyzer,” Philip J. Hamory, NASA Dryden Flight Research
Center, John K. Diamond, NASA Langley Research Center, and Arild
Bertelrud, Analytical Services and Materials, Inc.

99-04-5 “Cost Beneficial Solution for High Rate Data Processing,” Chandru
Mirchandani, Lockheed Martin Space Mission Systems, David Fisher, Stinger
Ghaffarian Technologies, and Parminder Ghuman, NASA Goddard Space
Flight Center

99-04-6 “Creating Floating Point Values in MIL-STD-1750A 32 and 48 Bit
Formats: Issues and Algorithms,” Jeffrey B. Mitchell, L-3 Communications
Telemetry & Instrumentation

99-04-7 “Study of Multichannnel Acquisition Method of Impulse Parameters,”
Mingji Yang, Harbin Institute of Technology

Session 5, Telemetry Systems/Sub-Systems (New Techniques)
Chair:  Earl Switzer, Air Force Flight Test Center

99-05-1 “Using the AMD Taxi Chips in a Parallel to Fiber Interface,” Robert W.
Broffel, Computer Sciences Corporation

99-05-2 “The Next Generation of Telemetering Requirements for the Air Force
Seek Eagle Program,” Dr. William W. Dyess, Jr. and Benjamin M. Shirley,
Air Force Seek Eagle Office and Wiley J. Robinson, TYBRIN Corporation



99-05-3 “A Primer on Patents,” Michael W. Landry, L-3 Communications Conic
Division

99-05-4 “The Use of Telemetry in an Electromagnetic Test Environment,” William
J. Papich, US Army Redstone Technical Test Center

99-05-5 “Vehicle Monitoring System for Public Traffic in Beijing,” Dongkai Yang,
Xin Bai, and Qishan Zhang, Beijing University of Aeronautics & Astronautics

99-05-6 “Packetized Telemetry Increases Feedback System Response Time in a
High Energy Physics Application,” Daniel “Shane” Woolridge, Apogee
Labs, Inc.

99-05-7 “Design of an Animal Tracking and Telemetry System,” H. Avery, Y.
Choi, M. Clyne, K. Irie, J. Kong, A. Lineham, P. Pascoe and A. Zaidi,
University of Canterbury

99-05-8 “Design of a Snow Avalanche Telemetry System,” C. Lim, S. Hardie, A.
Lyness, S. McMillan, L. Ung and V. Yu, University of Canterbury

Session 6, Modulation/Multiplexing Techniques (Design)
Chair:  Tim Gatton, Veridian Systems

99-06-1 “A TDRSS Compatible Transmitter with Agile RF Routing,” Brad Oney,
Cincinnati Electronics Corporation

99-06-2 “Adaptive Fast Blind Feher Equalizers (FE) for FQPSK,” George Terziev,
University of California, Davis and Dr. Kamilo Feher, Digcom, Inc.

99-06-3 “Blind Equalization for FQPSK and FQAM Systems in Multipath
Frequency Selective Fading Channels,” Wei Gao, Shih-Ho Wang, University
of California, Davis and Dr. Kamilo Feher, Digcom, Inc.

99-06-4 “Visualising Data Frame Formats Containing Super Commutation and
Variable Word Lengths,” Frank Kitchen, British Aerospace

99-06-5 “Design Considerations for Development of an Airborne FQPSK
Transmitter,”Gregg Horcher, L-3 AYDIN Telemetry



99-06-6 “Restore PCM Telemetry Signal Waveform by Making Use of Multi-
Sample Rate Interpolation Technology,” Song Peng, China Luoyang
Optoelectro Technology Development Center

Special Session-NEXGENBUS/Next Generation Bus
Chair: Sid Jones, Naval Air Warfare Center-Aircraft Division

“NexGenBus” similar in scope and format to that done by ARTM in ’97, will cover an
entire three-hour session. The standard now being studied is Fibre Channel.
In all likelihood, Fibre Channel will be the basis for NexGenBus.  The session
is divided into several blocks so that individuals may attend the parts in which
they are interested.

The schedule order is as follows:  Overview of the NexGenBus Project – Sid Jones
NexGenBus Testing – Thomas Grace
NexGenBus Simulation – Tom DeSelms
Review of the NexGenBus Draft Profile – Sid Jones

Special Session, Improved Use Of RF Spectrum
Chair:  Chuck Irving, Air Force Flight Test Center

99-R1-1 “An Introduction to Spectrum Reallocation Legislation,” Mikel R. Ryan,
Naval Air Warfare Center Aircraft Division

99-R1-2 “Data Compression Statistics and Implications,” Dr. Sheila Horan, New
Mexico State University

99-R1-3 “Hyperspectral Image Compression,” Dr. William H. Hallidy Jr. and
Michael Doerr, Systems & Processes Engineering Corporation

99-R1-4 “Bandwidth Efficient Signaling Using Multiscale Wavelet Functions and
its Performance in a Rician Fast Fading Channel Employing Differential
Detection,” Todd K. Moon and Chet Lo, Utah State University

99-R1-5 “Matched Filter-Bound of Bandwidth Efficient Multiscale Wavelet
Signaling over Multipath Rayleigh Fading Channels,” Chet Lo and Todd K.
Moon, Utah State University

99-R1-6 “Flexible All-Digital Receiver for Bandwidth Efficient Modulations,”
Andrew Gray, Meera Srinivasan, Marvin Simon, and Tsun-Yee Yan, Jet
Propulsion Laboratory



99-R1-7 “Combining Technologies to Foster Improved TSPI Accuracy and
Increase Sharing of the Frequency Spectrum,” Earl R. Switzer and James
Huynh, Air Force Flight Test Center and John Wrin, TYBRIN Corporation

Session 7, Space Applications (Ground Stations)
Chair: Raymond Klucz, Air Force Flight Test Center

99-07-1 “Next Generation Data Visualization and Analysis for Satellite, Network,
and Ground Station Operations,” Irving Harrison, High Tower Software,
Inc.

99-07-2 “A Regional Application Center (RAC) Ingest System,” Kelvin Brentzel,
Global Science & Technology, Patrick Coronado, Barbie Brown, and
Parminder Ghuman, NASA Goddard Space Flight Center and Carol Harris,
Intellisource Information Systems

99-07-3 “Preparing a COTS Ground Telemetry Receiver for Use in The
International Space Station,” James Champion, L-3
Communications/Microdyne

99-07-4 “Autonomous Ground Station for Satellite Communications,” Julius A.
Kaiser and Fredrick W. Herold, Fredrick Herold and Associates, Inc.

99-07-5 “Collaborative Software Development and Sustaining Engineering: An
Improved Method to Meet the NASA Mission,” Dr. David Mann, United
Space Alliance

99-07-6 “An Autonomous Satellite Tracking Station,” Mike Anderson, Peter Militch,
and Hugh Pickens, AlliedSignal Technical Services

Session 8, Range Applications (Interconnectivity)
Chair:  Robert Sakahara, Air Force Flight Test Center

99-08-1 “Photonic Remoting of the Kwajalein Missile Range Post Impact
Telemetry System,” Dr. Mohamed Abouzahra and Frank C. Robey, MIT
Lincoln Laboratory

99-08-2 “Implementing ATM in Today's T&E Range,” Brian Eslinger, TYBRIN
Corporation and  Jolene McCombe, Air Force Flight Test Center



99-08-3 “Technical Capabilities and Resources of the Extended Test Range
Alliance,” Dale A. Mackall, NASA Dryden Flight Research Center and Robert
Sakahara, Air Force Flight Test Center

99-08-4 “A Roadmap to Telemetry Networks,” Lee S. Gardner and Dr. Charles
Jones, Air Force Flight Test Center

99-08-5 “Overview of the NASA Wallops Flight Facility Mobile Range Control
System,” Rodney A. Davis, Susan K. Semancik, Donna C. Smith, and Robert
K. Stancil Jr., NASA Goddard Space Flight Center’s Wallops Flight Facility

Session 9, Data Processing (Advanced Data Acquisition and Processing System,
ADAPS)

Chair:  Kenneth Smith, Naval Air Warfare Center Weapons Division

99-09-1 “Advanced Data Acquisition and Processing System (ADAPS)-The
Current State of the System,” Dr. F. W. (Bill) Hafner, TYBRIN Corporation

99-09-2 “The ADAPS Real-Time/ Post Flight Processing System,” Thomas Kegel
and Bruce Lipe, Air Force Flight Test Center

99-09-3 “Interactive Analysis and Display System (IADS) to Support
Loads/Flutter Testing,” Jenny Williams and Don Lange, Air Force Flight Test
Center, Pat Mattingly and Eileen Suszek, SYMBIONICS, Inc.

99-09-4 “Real-Time Telemetry Data Support for the F-22 Flight Test Program,”
Thomas Kegel, Bruce Lipe, and Jacquelyn Swords, Air Force Flight Test
Center

99-09-5 “Development of a Requirements Repository for the Advanced Data
Acquisition and Processing System (ADAPS),” David Rush, Dr. F. W. (Bill)
Hafner and Patsy Humphrey, TYBRIN Corporation

Session 10, Telemetry Systems/Sub-Systems (Systems)
Chair: Duane Wheaton

99-10-1 “A Light-Weight Instrumentation System Design,” Ronald Kidner, Sandia
National Laboratories

99-10-2 “Telemetry and Radio Frequency Identification,” Jouko Heikkinen,
Tampere University of Technology



99-10-3 “A Design for a 10.4 Gigabit/Second Solid-State Data Recorder,” Richard
J. Wise Jr., Systems & Processes Engineering Corporation

99-10-4 “Optical Slip-Ring Connector,” Dr. Guoda Xu and John M. Bartha, Physical
Optics Corporation, Stuart McNamee and Larry Rheaume, Air Force Flight
Test Center, Allen Khosrowabadi, TYBRIN Corporation

99-10-5 “A Method to Enhance the Bit Rate of Linear Code Generator in Spread-
Spectrum Communication System,” Xiaoyu Dang, Yong Zhang, and
Tingxian Zhou, Harbin Institute of Technology

99-10-6 “A Telemetry System Based on Generalized Bridge Function,” Xuefang
Rao and Qishan Zhang, Beijing Institute of Tracking and Telecommunications
Technology

99-10-7 “Development of Microwave High Power Solid State Pulse Transmitter,”
Honglin Yang and Yonghui Yang, Xinan Electronic and Engineering Institute

Session 11 Modulation/Multiplexing Techniques (Applications)
Chair: Robert Jefferis, TYBRIN Corporation

99-11-1 “Spectral Efficiency and Adjacent Channel Interference Performance
Definitions and Requirements for Telemetry Applications,” Dr. Kamilo
Feher, Digcom, Inc., Robert Jefferis, TYBRIN Corporation, and Eugene Law,
Naval Air Warfare Center Weapons Division

99-11-2 “Digital Voice Decoding in Today's Telemetry System,” Kevin M.
Knudtson, Computer Sciences Corporation and Randy Glass, Analytical
Services & Materials

99-11-3 “Wavelet Based Video Compression for a Low-Rate Data Link,” Michael
W. Landry and Jeffrey C. Lee, L-3 Communications Conic Division

99-11-4 “Telemetry Acquisition Board Including Reed-Solomon FPGA Decoder
for Space Applications,” Francois Lassere, Max Ferreol, and Jean-Pierre
Rocher, Centre National d’Etudes Spatiales

99-11-5 “The Use of Packetized Telemetry in Inverse T1 Multiplexing,” Jason
Urban, Apogee Labs, Inc.



Session 12, GPS (Systems)
Chair: Paul Kennedy, NASA Marshall Space Flight Center

99-12-1 “Sidewinder Missile GPS Receiver Tests,” Steven J. Meyer, Naval Air
Warfare Center Weapons Division

99-12-2 “A GPS Receiver/Transmitter Unit for Tracking Launch Vehicles,”
Robert C. Meier, Cincinnati Electronics Corporation

99-12-3 “Modular Affordable GPS/INS (MAGI),” Dr. Mahendra Singh, WADDAN
Systems, Stuart McNamee, Air Force Flight Test Center, and Allen
Khosrowabadi, TYBRIN Corporation

99-12-4 “Key Technologies in Devising Autonomous Vehicle Location and
Navigation System,” Fei Peng, Pingfang Zheng, Qishan Zhang, and Zhongkan
Liu, Beijing University of Aeronautics and Astronautics

Special Session (SS), Gaussian Minimum Shift Keying (GMSK)
Chair:  Diana Johnson, The Aerospace Corporation

99-G1-1 “Proposed New Waveform Concept for Bandwidth and Power Efficient
TT&C,” Donald P. Olsen, The Aerospace Corporation

99-G1-2 “Binary GMSK: Characteristics and Performance,” Kuang Tsai and Gee
L. Lui, The Aerospace Corporation

99-G1-3 “Viterbi and Serial Demodulators for Precoded Binary GMSK ,” Gee L.
Lui and Kuang Tsai, The Aerospace Corporation

99-G1-4 “Data-Aided Symbol Time and Carrier Phase Tracking for Precoded
CPM Signals,” Gee L. Lui and Kuang Tsai, The Aerospace Corporation

99-G1-5 “Hardware Performance for Binary GMSK with BT=1/5,” Rouh. T. Bow,
The Aerospace Corporation

99-G1-6 “Using Short-Block Turbo Codes for Telemetry and Command,” Charles
C. Wang, The Aerospace Corporation



Session 13, Software (Programming)
Chair:  Pete Crump, TYBRIN Corporation

99-13-1 “Introduction to Software Agents,” Lance Self, Air Force Research Lab

99-13-2 “JAVA: A Paradigm Shift in Telemetry Software Architectures,” Kent
Yang, L-3 Communications Telemetry & Instrumentation

99-13-3 “TELEKNOSYS: Interactive Tool for a God's Eye View of Flight Test
Experiments,” Mark R. Platzbecker, David R. Sandison, David E. Ryerson,
Gary W. Ashcraft and Jeremy W. Giron, Sandia National Laboratories

99-13-4 “Software Radios Applying to the DGPS Transceivers,” Hao Wu and
Naitong Zhang, Harbin Institute of Technology

99-13-5 “A New Type of Software Oriented Secure System for Wireless
Communication,” Hao Wu, Zhibin Zheng, and Naitong Zhang, Harbin
Institute of Technology

Special Session, Improved Use of RF Spectrum
Chair:  Ron Pozmantier, Air Force Flight Test Center

99-R2-1 “Link Availability and Bit Error Clusters in Aeronautical Telemetry,”
Robert P. Jefferis, TYBRIN Corporation

99-R2-2 “Estimating the Characteristics of the Aeronautical Telemetry Channel
During Bit Error Events,” Eugene L. Law, Naval Air Warfare Center
Weapons Division

99-R2-3 “ARTM Channel Sounding Results - An Investigation of Frequency
Selective Fading on Aeronautical Telemetry Channels,” Dr. Michael Rice,
David de Gaston, Adam Davis, Gus German, and Christian Bettwieser,
Brigham Young University

99-R2-4 “Advanced Range Telemetry Dynamic Measurement Lists,” Robert H.
Luten, Luten Data Systems and Vernon Diekmann, TYBRIN Corporation

99-R2-5 “Doppler Bandwidth Characterization of ARTM Channel Sounding
Data”, David Landon, Brigham Young University



Session 14, Space Applications (Techniques)
Chair: Gene Grant, Coleman Research Corporation

99-14-1 “A Versatile Programmable Function RF ASIC for Space-Based RF
Systems,” Michael McMahon, Albert Rhoads, Frank Winter, and Graham
Pierson, L-3 Communications Conic Division

99-14-2 “A Launch Vehicle Video Telemetry System,” Robert C. Meier, Cincinnati
Electronics Corporation

99-14-3 “A Real-Time High Performance Data Compression Technique for Space
Applications,” Pen-Shu Yeh and Warren H. Miller, NASA Goddard Space
Flight Center

Session 15, Range Applications (Specific)
Chair: Robert Jones, SPARTA, Inc.

99-15-1 “Air Force Flight Test Center Range Safety System,” Tom Cronauer, Steve
Cronk, and Bruce Lipe, Air Force Flight Test Center

99-15-2 “Mobile Tracking System “Motion on the Ocean” Test,” Moises Pedroza,
White Sands Missile Range

99-15-3 “Shallow Water Training Range,” Robert J. Reid, Naval Undersea Warfare
Center Division Newport

99-15-4 “Joint Communications, Navigation, Identification Simulator (CNIS),” J.
W. Hull Jr., TYBRIN Corporation

99-15-5 “Flight Testing is Our Profession-An Overview of Test Flight and
Development Centre,” Lieutenant Colonel Gerard Schuite, South African Air
Force

Session 16, PC Based Applications
Chair: Beth Cooper-Joseph, Veridian Systems

99-16-1 “PTP EX: High-Rate Front-End Telemetry and Command Processing
System,” Siragan Ozkan, Avtec Systems, Inc.



99-16-2  “Migrating from a VAX/ VMS to an INTEL / WINDOWS-NT Based
Ground Station,” Sergio D. Penna, EMBRAER Flight Test Division and
Domingos B. Rios, LE Consultoria

99-16-3 “A PC Database and GUI for Telemetry Data Reduction,” Lee Reinsmith
and Steven Surber, TYBRIN Corporation

99-16-4 “Simultaneous Data Processing of Multiple PCM Streams on a PC Based
System,” Chuck Weisenseel and David Lane, Air Force Flight Test Center

Session 17, Telemetry Systems/Sub-Systems (Subsystems)
Chair: David Siu, Air Force Flight Test Center

99-17-1 “Design and Development of a Fiber Optic Telemetry Package,” Jerry
Griffith, USAF Air Armament Center, Herman K. Rowan and August J. Huber,
USAF Guided Weapons Evaluation Facility

99-17-2 “Design and Application of Antenna Couplers for Certification of
Airborne Instrumentation Antennas,” Scott R. Kujiraoka and Rick Davis,
Naval Air Warfare Center Weapons Division

99-17-3 “Miniature, Single Channel, Memory-Based, High-G Acceleration
Recorder (Millipen),” Tedd A. Rohwer, Sandia National Laboratories

99-17-4 “AFFTC Radiometric Analysis and Measurement System,” Allen Schmidt,
Computer Sciences Corporation

99-17-5 “Use of ID-1 High Density Digital Recording Systems for Test Range
Support,” Kenneth O. Schoeck, Space and Missile Systems Center

99-17-6 “Rapidly Adaptable Instrumentation Tester (RAIT),” Timothy D. Vargo,
Sandia National Laboratories

Special Session, Hardened Subminiature Telemetry Sensor System (HSTSS)
Chair: Martin Phillips, US Army Simulation, Training and Instrumentation Command

99-H1-1 “Program Management for 2001 Instrumentation,” Ronald Colangelo, US
Army Simulation, Training and Instrumentation Command



99-H1-2 “HSTSS Battery Development for Missile & Ballistic Telemetry
Applications,” Lawrence W. Burke, and Edward Bukowski, US Army
Research Laboratory, Colin Newnham and Neil Scholey, Ultralife Batteries
(UK) Ltd., William Hoge and Zhiyaun Ye, Ultralife Batteries, Inc.

99-H1-3 “Customizable Multichip Modules for High-G Telemetry Applications,”
Peter Muller and Lawrence W. Burke, US Army Research Laboratory, Scott
Sommerfeldt and Brent Lunceford, Microelectronics and Computer Technology
Corporation, Shaun Francomacaro and S. John Lehtonen, Johns Hopkins
University

99-H1-4 “A Telemetry Transmitter Chip Set for Ballistic Applications,” John
Lachapelle, Finbarr McGrath, Karina Osgood, Bob Egri, Andy Moysenko, and
Greg Henderson, M/A-COM Corporation, Lawrence W. Burke and Jonah N.
Faust, US Army Research Laboratory

99-H1-5 “Combining Sensors with Airborne Telemetry Instrumentation to Make
Range Measurements and Obtain Aerodynamics,” Bradford S. Davis and
T. Gordon Brown, US Army Research Laboratory

99-H1-6 “Instrumentation and Logistics: Influencing Design and Ownership
Costs,” Martin Phillips, US Army Simulation, Training and Instrumentation
Command

Session 18, GPS (Techniques)
Chair: Paul Kennedy, NASA Marshall Space Flight Center

99-18-1 “Combining GPS and Packetized Telemetry Concepts to Form a Wide
Area Data Multiplex System,” David L. Grebe, Apogee Labs, Inc.

99-18-2 “Study on OEM-Based Differential GPS,” Shengxi Ding, Qishan Zhang, and
Xianliang Li, Beijing University of Aeronautics and Astronautics

99-18-3 “Current Time Scales and Challenges: GPS 1999 WNRO and the Year
2000,” Raymond E. Claflin III, Claflin Associates



Special Session-ILIAD: Integrating Existing Instrumentation and Data Systems with
ILIAD

Chair: Lee Gardner, Air Force Flight Test Center

ILIAD has its own real-time and post-flight data processing and instrumentation
programming capabilities.  More importantly, ILIAD was designed to
integrate existing and future data acquisition systems. The highly
sophisticated user interface is customizable and driven by the support
database.  The result is that a decommutation system’s programming
attributes can be added to the database while the user interface automatically
adjusts accordingly.  The same capability applies for a programming
instrumentation system.

ILIAD’s applications access data through Microsoft ActiveX Data Objects (ADO) and
Object, Linking, and Embedding Database (OLEDB) technology.  Open
database objects provide the means to easily integrate third-party
applications, such as decommutation display and program generation. The
seminar will provide high level details on how this is accomplished.

Agenda:  ILIAD Concepts and Features
Adding Other Systems to ILIAD Database
ILIAD API Specification

Session 19, Software (Techniques)
Chair: Pete Crump, TYBRIN Corporation

99-19-1 “Software Quality and Productivity: Are They Compatible?” Peter Crump
and Rick Long, TYBRIN Corporation

99-19-2 “Development of a Surface-to-Air Missile T&E Federation,” Jason L.
Lucas, TYBRIN Corporation and Robert A. Kent, 96th Communications Group

99-19-3 “Autonomous Soccer-Playing Robots: A Senior Design Project”, Jed M.
Kelsey, Brigham Young University

99-19-4 “Modeling of the Surface Attenuation Effects of Rain on Composite
Antenna Structures at KA-Band”, Atle Borsham, New Mexico State
University



Special Session, RCC/TG: Range Commander’s Council/Telemetry Group
Chair: Kenneth Smith, Naval Air Warfare Center, Aircraft Division

Presentations:

1. Bridging Fiber Channel to Data Packet Preparation, Sid Jones, Naval Air Warfare
Center-Aircraft

2. Vehicular Instrumentation: Data-Transducers to Packets, Ray Faulstich, Naval Air
Warfare Center-Aircraft Division

3. Data Multiplex Standing Committee
4. Current Activities and Future Potential Standards, Bill Rymer, Naval Air Warfare

Center-Aircraft Division
5. RF Systems Committee
6. Standards and Publications Initiatives, Ron Pozmantier, Air Force Flight Test Center
7. New Recorder/Reproducer Standards and Efforts to Standardize Recorder Command

Control Sets, Tim Chalfant, Air Force Flight Test Center

Session 20, Space Applications (Transmission)
Chair:  Archie Moore, SPARTA, Inc.

99-20-1 “The Implementation of NASA's Low Earth Orbiter-Terminal as an
Autonomous Ground Network Asset,” Steven N. Bundick and Steven E.
Kremer, NASA Goddard Space Flight Center

99-20-2 “System Model for a Low Data Rate Full Duplex Optical Communications
Link Between Earth and LEO,” D. A. Hazzard, J. A. MacCannell, G. Lee,
E. R. Selves, D. Moore, J. A. Payne, C. D. Garrett, N. Dahlstrom, and T. M.
Shay, New Mexico State University

99-20-3 “Using Commercial Global Personal Communication System for a Global
Test Range,” Rodney Rogers and James P. LeBlanc, New Mexico State
University, David E. Ryerson and James Snell, Sandia National Laboratories

99-20-4 “Spread Spectrum TT&C for the Skybridge Constellation,” R. Nasta and
J.-F. Gillot, Alcatel Space Industries

99-20-5 “A New Approach-The Use of MSCS for Spacecraft TT&C Data
Transmission,” JiSheng Zhang, China Satellite Launch and Tracking Control
General



Session 21, Airborne Instrumentation
Chair: Dr. F. W. (Bill) Hafner, TYBRIN Corporation

99-21-1 “Airspace Utilization Reporting System for R-2508 Complex,” John M.
Ward, Air Force Flight Test Center

99-21-2 “A Status Report of the Joint Advanced Missile Instrumentation
Program-An Office of The Secretary of Defense Central Test and
Evaluation Investment Program Incentive,” Don Scofield and Dave Powell,
Naval Air Warfare Center Weapons Division

99-21-3 “Flight Test Instrumentation of the Push-Pull Effect on a CF-18 Aircraft,”
Captain Ruben Caballero, Canadian Forces Base Cold Lake

99-21-4 “A New Miniature Data Acquisition System for F-16 Flutter and Loads
Test Aircraft,” David C. Nixon and Alfred J. Berard, 46 Test Wing
 Instrumentation Division

99-21-5 “Coded Orthogonal Frequency Division Multiplexing for the Multipath
Fading Channel,” Kenneth Welling, Brigham Young University

Session 22, Telecommunication Systems
Chair: Akram Chahine, Air Force Flight Test Center

99-22-1 “Flexible Secure Data Communications with the Range Encryption
Module,” Stan M. Watkins, L-3 Communications Conic Division

99-22-2 “Assessment of Photonic Switches as Future Replacement for Electronic
Cross-Connect Switches,” Ahmed H. Youssef, TYBRIN Corporation

99-22-3 “Remote Monitoring of Instrumentation in Sealed Compartments,”
Clinton Landron and John C. Moser, Sandia National Laboratories

Session 23, Telemetry Architectures
Chair: James Yates, L-3 Communications Telemetry & Instrumentation

99-23-1 “Efficient Management and Control of Telemetry Resources,” Dr. Alan E.
Cowart, Scientific Research Corporation and Michelle Baldonado, Air Force
Flight Test Center



99-23-2 “An Open-Architecture Approach to Scaleable Data Capture,” Terry
Mason and Fred Thames, Avalon Electronics Ltd.

99-23-3 “The Impact of the Common Data Security Architecture (CDSA) on
Telemetry Post
Processing Architectures,” Jeffery R. Kalibjian, CounterSign Software, Inc.

99-23-4 “Study on Telemetry Data Authentication Protocol in Arms Control
Verification,”
Qiang Huang and Fan Yang, Xinan Electronic Engineering Institute

99-23-5 “Mixing Staged Data Flow and Stream Computing Techniques in Modern
Telemetry Data Acquisition/Processing Architectures,” James William
Yates, L-3 Communications Telemetry & Instrumentation

Special Session, Hardened Subminiature Telemetry Sensor System (HSTSS)
Chair:  Ron Colangelo, US Army Simulation, Training and Instrumentation Command

99-H2-1 “A Modular Approach to Hardened Subminiature Telemetry and Sensor
System (HSTSS) Development,” Robert E. Carpenter, Advanced Systems
Technology, Inc. and Dennis Schneider, Simulation Training and
Instrumentation Command

99-H2-2 “The Application of Hardened Crystal Reference Oscillators into the
Hardened Subminiature Telemetry and Sensor System (HSTSS)
Program,” Alan D. Hart, US Army Yuma Proving Ground

99-H2-3 “HSTSS-DAC Custom Integrated Circuits for Subminiature PCM
Telemetry and Signal Conditioning,” David Gibson, Dr. N. B. Penrose, and
Michael Doerr, Systems & Processes Engineering Corporation

99-H2-4 “Digital FDM for the HSTSS DAC Program,” Michael B. Doerr, Dr.
William H. Hallidy, Jr., Dr. Gary B. McMillian, Systems & Processes
Engineering Corporation, Lawrence W. Burke, Jr. and Jonah N. Faust, US
Army Research Laboratory

99-H2-5 “HSTSS-DAC Custom ICS Impact on 2.75" Missile Telemetry,” David A.
Gibson and Newton B. Penrose, Systems & Processes Engineering Corporation
and Ralph B. Wade, Jr., Air Force Development Test Center



99-H2-6 “Leveraging Government and Commercial Investments,” William P.
D'Amico, US Army Research Laboratory



OPTIMIZATION OF REFERENCE WAVEFORM FILTERS IN
COHERENT DELAY LOCKED LOOPS

Upul Gunawardana
Motorola, Inc.

Kurt Kosbar
University of Missouri-Rolla

ABSTRACT

In this paper, a new coherent correlation-loop architecture for tracking direct-
sequence spread-spectrum signals is proposed. In the proposed correlation loop
model, the mean-square tracking error is minimized by varying the cross-correlation
function between the received signal and the locally generated signal. The locally
generated signal is produced by passing a replica of the transmitted signal through a
linear time-invariant filter, which is termed the VCC filter. The issue of bandwidth of
a correlation loop is addressed and a bandwidth definition for comparative purposes
is introduced. The filter characteristics to minimize the tracking errors are determined
using numerical optimization algorithms. This work demonstrates that the amplitude
response of the VCC filter is a function of the input signal-to-noise ratio (SNR). In
particular, the optimum filter does not replicate a differentiator at finite signal-to-
noise ratio as is sometimes assumed. The optimal filter characteristics and the
knowledge of the input SNR can be combined to produce a device that has very low
probability of loosing lock.
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INTRODUCTION

Direct-sequence (DS) spread-spectrum communications systems are extremely useful
for mitigating the effects of intentional interference, preventing undesired detection
and demodulation, and in code division multiple access systems. To exploit the
benefits of a DS spread-spectrum signal, the receiver must be able to synchronize the
locally generated pseudo-noise (PN) sequence with the incoming PN sequence.
Delay locked loops (DLL) are widely used in DS-systems for PN code tracking.

The general structure of correlation loops such as phase-locked loops (PLL) and
DLLs is illustrated in Figure 1.  The tracking performance of a correlation loop is a
function of input  SNR,  loop filter,
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 Figure 1: Generalized Correlation Loop

loop gain and the cross correlation function between the transmitted signal and
)(ts and the reference signal ),(tl  ( )τ

XL
R . The optimization of ( )τ

XL
R  has been

studied [1,2], but these results are not widely used.  This is due in part to the
difficulty of producing an arbitrary waveshape with the local reference generator.
Following the approach of [3], we restrict our attention to waveform generators that
are a replica of the transmitted waveform generator followed by a linear time-
invariant filter, )( fH , as shown in Figure 2.
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Figure 2: Modified Correlation Loop

The cross-correlation function ( )τ
XL

R  can be controlled by altering )( fH  which is
called the VCC filter. In a conventional early-late delay-locked loop (ELDLL) this
filter approximates a differentiator. A differentiator is also used in a PLL, but it is
usually combined with the voltage-controlled clock and called a voltage controlled
oscillator (VCO).

The results of Spilker and Magill [4] show that the maximum-likelihood optimum-
tracking discriminator for an arbitrary wideband signal is a multiplier which forms
the product of the received signal plus noise and the derivative of the receiver
generated replica of the transmitted signal. In contrast to this, Layland [2], and
Kosbar [3] showed that the important aspect is not the derivative but the resultant
ninety-degree phase shift. As will be shown later, this can also be shown using the
fact that the characteristic function of a correlation loop should be an odd function.
The results of [5] show the performance of a first-order correlation loop using a
Hilbert transformer (90-degree phase shifting filter) as the VCC filter. This paper
extends the work of [5] to determine the optimum form of the VCC filter in order to
minimize the mean-square tracking error (MSTE) of a first-order correlation loop.

ANALYSIS

In this paper, we will focus our attention to first-order correlation loops, i.e.
correlation loops with the loop filter replaced by a unity gain. In the modified
correlation loop shown in Figure 2, the received signal )()()( tntsPtr +−= τ  is a
delayed version of the originally transmitted signal )(ts  that has been corrupted by
additive white Gaussian noise (AWGN). Signal )(ts  is assumed to be unity power



and )(tn  has a double-sided power spectral density of No/2 W/Hz.  The correlation
loop generates an estimate, τ)  for the channel delay, τ, by cross correlating )(tr  with

the locally generated signal ).(tl  Following the approach of [3], we can derive the
non-linear equivalent model of a first-order correlation loop as follows: From the
modified correlation loop shown in Figure 2, the control function, )(te , can be
expressed as

.tt- lt K n tt- ltt-K sP  te ))(ˆ()())(ˆ())(()( τττ +=  (1)

With the assumption that signals )(ts and )(tl are periodic with period T, and constant
channel delay )(ts  and )(tl can be expanded using the Fourier series (FS) expansion.
The FS expansion of )(ts  and )(tl are
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where T
o

/2πω = . The FS coefficients can be found in the conventional manner. By
ignoring self-noise and double frequency terms and using (2) and (3), (1) can be
rewritten as
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The above expression can be depicted more compactly using the cross-correlation
function of )(ts and )(tl , ( )τ

XL
R , which is defined as
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Substituting (2) and (3) into (5) yields
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Now (4) can be expressed in a more simplified manner using (6) as
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From these results, the baseband non-linear-equivalent model of the first-order
correlation loop can be represented as shown in Figure 3. This is similar to the non-



linear model of the conventional phase-locked loop model with a non-sinusoidal
nonlinearity. Using the Fokker-Planck technique, it is possible to show that the
probability density function (p.d.f.) of the steady-state timing error process, )(

e
p τ ,

where τττ )−=
e

, must satisfy the differential equation [6]:
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where α is a function of the transmitted and locally generated signal powers, the loop
gain and the noise power spectral density.
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Figure 3: Non-Linear-Equivalent Model the First-Order Correlation Loop

Since the process )(tn′  is not stationary, it is difficult to calculate the statistics of
)(tn′ . The noise term )(tn′  can, however be shown to be approximately white and

Gaussian [7], if )(tn  is assumed white and Gaussian [1] and [6], and is assumed in
this work.

From Figure 3, it is clear that the cross-correlation function between )(ts  and )(tl ,
( )τ

XL
R , or the characteristic function, influences the performance of the correlation
loop. The linear time-invariant filter (VCC filter), )( fH  shown in Figure 2 directly
influences the waveform )(tl  and hence the cross-correlation function, ( )τ

XL
R . That

is, the linear filter, )( fH , can be used to control the characteristic function of the
loop.

Since the objective of a correlation loop is to adjust the delay estimate τ)  to that of
the incoming signal, τ, the characteristic function, ( )τ

XL
R  needs to distinguish

whether τ is larger than τ)  or vice versa. To satisfy the above requirement, the
characteristic function to has be an odd function of the phase error ττφ )−=  [1,8].
That is,

( ) ).( ττ −−=
XLXL

RR (10)
Substituting (6) in equation (10) yields
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The above condition can be satisfied if and only if
.each for     ** nLXLX

nnnn −−−=  (12)
Since 

n
X  and 

n
L  are FS coefficients of real signals, )(ts  and )(tl , the following

properties exist:
)-arg()arg(   and     nnnn XXXX −− == (13)

and
)-arg()arg(    and     nnnn LLLL −− == (14)

Now by using the above properties and (12) yields
))(()()( nnnnnn jjj eee ψφπψφψφ −−−−− =−= (15)

To satisfy the above condition it is necessary to have

ππψφ mnn +=−
2

(16)

where Λ,2,1,0 ±±=m . That is, it is necessary to have a 90±  degree phase shift
between all the harmonics of the VCC filter output, )(tl , and transmitted signal, )(ts .
Thus, an optimum VCC filter should impose a 90-degree phase shift on all the
frequency components of the waveform generator output.

The performance of a correlation loop with a Hilbert transformer compared to a
conventional early-late delay-locked loop (ELDLL) is presented in [5]. In [5], it is
shown that the performance of a correlation loop with the Hilbert transformer is
superior at moderate to low signal-to-noise ratios.

SIMULATION MODELING AND OPTIMIZATION

Correlation loops are non-linear devices which makes mathematical analysis
extremely difficult if not impossible. Generally the analysis is made on linear or
approximately linear regions of the non-linearity present in correlation loop. A
linearized version of the loop is based on the selected linear region. Most of the
available parameters, which give a measure of the performance on correlation loops,
such as bandwidth, tracking error variance, are defined using these linearized models.
Such an approximation is not possible in the case of correlation loop with a Hilbert
transformer [5]. Thus, computer simulations were used to determine tracking
performance of correlation loops in this work. Numerical optimization algorithms
were used in determining the optimum form of the VCC filter.



A. Comparison of Correlation Loops

The knowledge of the bandwidth of a correlation loop is important when it is
examined for tracking performance. A smaller bandwidth correlation loop may give a
smaller tracking error but likely to consume more time to get into lock and vice
versa. Since the mathematical analysis is difficult, computer simulations were used to
estimate a reasonable value. Bandwidth of these devices were measured by using a
sinusoidal signal for the channel delay, τ,

)())sin(()( tntAtsPtr
m

+−= ω (17)
The amplitude of the modulating term, A, was stepped over a wide range of values.
At each amplitude, the time delay estimate was decomposed as

)()sin()( ttAt
m

ζθωτ ++=
)) (18)

where )(tζ  is a noise term due to non-linearities and self noise. By plotting AA/
)

 as
a function of 

m
ω  it is possible to determine a “frequency response” for each value of

A. For conventional ELDLL it is possible to develop a linearized model, and
calculate the 3-dB bandwidth of this model [9]. As A increases, it will reach a point,

o
A , where the ELDLL performance begins to deviate from the linear model.  We
assume that for normal tracking applications 

o
AA < . For the purpose of comparison,

correlation loops with arbitrary VCC filters were adjusted to exhibit equal or higher
bandwidths for the input amplitudes that are within the linear region of the
corresponding ELDLL (i.e. for all 

o
AA < ). Using this definition of bandwidth, the

MSTE of the correlation loop with an arbitrary VCC filter will be compared to a
conventional ELDLL.

B. Optimization Procedure

The optimum VCC filter for a given bandwidth and a given input signal-to-noise
ratio is determined by using numerical optimization algorithms. The application of
optimization algorithms for search using simulation is discussed in detail in [10]. The
procedure for using an optimization algorithm in simulation can be depicted as
shown in Figure 4 and the overall methodology can be summarized as follows:

1. Assuming that the design performance is sufficiently quantitative such that the
performance can be derived from a simulation model, define the performance
of a design xi },,,{

10 iii N
xxx Λ= , in terms of some function f(xi), of the results of

the simulation. The terms 
iii N

xxx ,,,
10

Λ  are called the design parameters of the

design xi.



2. The simulation takes the trial design xi as the input to the system and determine
the performance of the trial design f(xi). This performance is fed back to the
search (optimization algorithm) which will pick the next trial design  xi+1. This
process repeats until the optimal value, xO, (i.e. f(xO ) ≥ f(x), for all  x ∈ S
where S is the complete global search space) is found within some predefined
numerical accuracy or the resources allocated to this procedure are expended.

Simulation

Global Optimization Algorithm

f(x)x

Figure 4: Global Optimization Procedure

To design a simulation to determine tracking performance as a function of an
arbitrary VCC filter, it is necessary to define the VCC filter by a large number of
design parameters. Some of the widely used optimization algorithms for systems
with a large number of design parameters are genetic algorithms [11], simulated
annealing [12], and dynamic hill climbing [13]. In this paper, the most of the results
are determined by the application of dynamic hill climbing in the global optimization
procedure.

C. Simulation Procedure

The simulation determines the MSTE of the tracking process for a given VCC filter,
a bandwidth, and input SNR. Mean-square tracking error is defined as the variance of
the tracking error, ])[( 2ττ )−E . The simulation model first computes the cross-
correlation function, ( )τ

XL
R  using the given VCC filter amplitude response. The

( )τ
XL

R  thus found is used to determine the loop gain, K, of the correlation loop to
satisfy the bandwidth requirement. Using these quantities and the estimated
equivalent noise spectral density, MSTE is determined by evaluating the p.d.f. of the
timing error process by numerically solving (9).



RESULTS OF NUMERICAL OPTIMIZATION

The amplitude response of an optimum VCC filter determined using the optimization
procedure discussed in Section III is illustrated in Figures 5 and 6. The phase
response of the VCC filter is equivalent to that of a Hilbert transformer as explained
in Section II. The bandwidth of the correlation loop was set to a value that is
comparable to a 1.0-chip ELDLL as explained in Section III. The cross-correlation
functions or S-curves corresponding to optimum VCC filter responses are shown in
Figure 7.

The most important observation is that the VCC filter is a function of input signal-to-
noise, and not a differentiator as commonly believed [4]. At high SNR, the optimum
VCC filter resembles a differentiator i.e. the filter amplitude response has the form

KffH =)( . At low SNR, the optimum VCC filter amplitude response has the form
γf/1  where the value of γ approaches 3 for very low SNR. This is consistent with

the results obtained using square waves as transmitted signals as shown in [3].
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Figure 5: Filter Response Obtained for a Correlation Loop with Comparable
Bandwidth as of a 1.0-Chip ELDLL for Input SNR=-20 dB, -15dB, -10dB, and -5dB



Figure 6: Filter Response Obtained for a Correlation Loop with Comparable
Bandwidth as of a 1.0-Chip ELDLL for Input SNR=5 dB, 10 dB, and 15dB

Figure 7: Cross-Correlation Functions Corresponding to Filter Responses Obtained
for a Correlation Loop with Comparable Bandwidth as of a 1.0-Chip ELDLL for
Input SNR=-20 dB, -15 dB, -10 dB, 0 dB, and 10 dB
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From Figure 7 it can be seen that, at low SNR, the s-curves corresponding to the
optimum tracking systems exhibit a wider lock range allowing the correlation loop to
be in lock with a high probability. At high SNR, the characteristic function
corresponding to the optimum tracking system has a narrow (± 1 chips) lock range.
However, at high SNR probability of loosing lock is low. This implies that the
optimal filter characteristics and the knowledge of the input SNR can be combined to
produce a device that has very low probability of loosing lock.

CONCLUSION

In this paper results obtained for optimum reference waveform filters or VCC filters
using numerical optimization algorithms were presented. It was shown that the
optimum VCC filter should impose a 90-degree phase shift on all frequency
components of the output of the local reference waveform generator. The optimum
VCC filter amplitude response is highly dependent on the input SNR. At high SNR,
the optimum VCC filter resembles a differentiator while at low SNR, the optimum
VCC filter exhibits wider lock range. A tracking device that has a smaller mean-
square tracking error and a very low probability of loosing lock can be produced by
using the optimal VCC filter characteristics and the knowledge of the input signal-to-
noise ratio.
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EFFECTS OF MULTIPATH-INDUCED DELAY DISTORTION ON
PCM/FM FOR ENCANISTERED MISSILES

Roger M. Vines
Naval Surface Warfare Center Dahlgren Division

ABSTRACT

Coupling a distortion-free telemetry signal from an encanistered missile by using a
pickup antenna inside the canister can be difficult, because the RF energy leaving the
missile antenna travels through the canister and is reflected and absorbed in a complex
manner before being received by the pickup antenna. In this paper the distortion incurred
by a PCM/FM signal is described and used to predict the resulting distortion on the video
after demodulation. Effects on bit error rate are presented as a function of delay distortion
and bit rate. A demonstrated method of receiving a relatively undistorted telemetry signal
using a pickup antenna is described.

KEY  WORDS

Multipath Distortion, Prelaunch Telemetry, Missile Telemetry

INTRODUCTION

One method of collecting prelaunch telemetry from an encanistered missile is to transmit
the telemetry RF signal from the missile antenna and receive it with a pickup antenna
located inside the canister. A problem with this method is that the canister acts as a
cavity, resulting in a distorted signal being received by the pickup antenna.1 Sometimes
the distortion can be severe enough to cause bit errors, even though the amplitude of the
signal is large enough to result in a high signal-to-noise ratio (SNR) at the receiver.
Techniques are being developed to improve the fidelity of the received signal and tested
to verify performance in light of past performance of existing techniques and proposed
telemetry systems with higher data rates.2 This paper expands on work previously
performed at NAWCWD/PM on the subject.3,4

MULTIPATH DELAY DISTORTION

For the case where there are two paths from the source to the pickup antenna, the
received RF consists of two signals: one signal with an amplitude that can be normalized
to 1 and one signal (the echo) with delay ∆t  with respect to the first signal and amplitude



α normalized to the first signal. Thus, the resulting received signal is filtered by the
multipath channel function 1+αe-jω∆t. This results in amplitude distortion of
√[(1+αcos(ω∆t))2 + α2sin2(ω∆t)] and phase distortion of tan-1[αsin(ω∆t)/
(1+αcos(ω∆t))]. A laboratory network was constructed using power dividers, attenuators,
cables, and phase shifters to produce this channel function while allowing α and ∆t to be
varied. Plots of the magnitude and phase of this channel over 100 MHz are shown in
Figures 1 and 2 for α=0.75 and ∆t ≅27 ns. Group delay is an alternate indicator of phase
distortion and is defined as the negative of the derivative of the phase with respect to
frequency. The group delay of the channel is shown in Figure 3.

Using the mapping z=ejω∆t, the channel function becomes 1+αz–1 which maps to a pole
and zero in the Z Plane as shown in Figure 4. The deepest null of the amplitude function
and the greatest slope of the phase function occur when the evaluation point on the unit
circle is closest to the zero. The closer the zero is to the unit circle, the deeper will be the
amplitude null and the steeper will be the phase slope. While the two-path signal model
does not completely describe the coupling observed in canisters over the 100 MHz
telemetry S-band, it does match observation near the location of the amplitude nulls.

DISTORTION EFFECTS ON PCM/FM

Amplitude distortion of the RF signal alone will not normally affect demodulation of the
PCM data because the signal is limited before going to the demodulator, and the
demodulator is insensitive to amplitude changes. The exception would be if the signal-to-
noise ratio is low so that an amplitude null would lower the signal close to approaching
theoretical bit error rate curves, i.e. SNR<15 dB.

To discuss delay distortion, it is helpful to write the received modulated RF signal as:

S(t) = cos[ωot + ∫∆ω(t)dt + θ]   (1)

where  ωo = carrier frequency
∆ω(t) = frequency change due to modulation
θ = phase due to the channel function

In passing through the channel there may be significant phase distortion incurred because
of the multiple paths of the signal. This phase, θ, is a function of frequency and is added
to the phase of the modulated RF signal. The instantaneous frequency can then be written
as:

d [ωot +∫∆ω(t)dt + θ]/dt = ωo  + ∆ω(t) + dθ/dt   (2)



By writing the instantaneous frequency resulting from the additional phase as:

dθ/dt=dθ/df∗df/dt  (3)

 it is seen that the additional frequency changes are a product of two terms. dθ/df is –
1∗group delay of the channel and can be measured using a modern vector network
analyzer. If the group delay is constant, then distortionless transmission will result. The
group delay should be as flat as possible over the frequency excursion of the RF signal in
order to minimize the distortion of the PCM signal. df/dt is the derivative of frequency
with respect to time, and depends on the PCM bit rate and the premodulation (lowpass)
filtering. The frequency change with respect to time of the transmitter output is the same
as the transmitter modulation input signal, i.e. a PCM stream which has been lowpass
filtered.

Equipment was used to construct a telemetry transmitting and receiving setup, and a 2.4
Mbps PCM stream was generated. Normally the transmitter frequency deviation is
0.35∗(bit rate), and df/dt is almost infinite for the unfiltered stream and approximately
(bit rate)2 for the filtered stream. Figure 5 is the RF spectrum of the FM transmitter
output when modulated by the filtered PCM stream, and Figure 6 is the receiver video.

When the transmitter output is fed through the multipath channel with α=0.95, the
spectrum shown in Figure 7 results. In this case the amplitude null (and group delay
peak) of the multipath channel is larger than for α=0.75 and has been centered within the
telemetry signal RF spectrum. This causes a large positive instantaneous frequency spike
on the receiver video when the PCM signal has a rising edge as seen in Figure 8. When
the PCM signal has a falling edge, it causes a large negative spike on the receiver video,
also seen in Figure 8. Moving the amplitude null (and group delay peak) higher in
frequency by changing ∆t causes the two spikes on either side of a bit representing a
positive frequency shift to shift in time toward the center of the bit, and to decrease in
amplitude.

Increasing the slope of the modulating signal edges by either increasing the bit rate,
increasing the deviation, or eliminating the premod filtering will cause the amplitude of
the spikes to increase. Moving α closer to 1 or increasing ∆t will also increase the
magnitude of the group delay which results in an increase in the spike amplitude. At the
receiver, narrowing the IF and video filtering has some limited effect in decreasing the
spike amplitude.

If α is increased beyond 1, the zero moves outside the unit circle in the Z Plane resulting
in the video spike reversing polarity from the case where α < 1. This is shown in Figure 9
where it is seen that positive-going edges cause negative spikes and negative-going edges
cause positive spikes.



Since the video spike amplitude is proportional to group delay and (bit rate)2 but the
deviation is nominally 0.35∗(bit rate), the spike amplitude normalized to deviation is
proportional to bit rate. This is a good indication of distortion effects for demodulation
and predicts that, for a given multipath channel, an increase in bit rate results in lower
performance, i.e. higher number of bit errors.

LABORATORY BIT ERROR MEASUREMENTS

In a laboratory setup, the one-echo multipath channel was used to measure performance
of PCM/FM as a function of  α, ∆t, and bit rate, which could be varied independently
over a limited range. In general, more bit errors were observed when the amplitude null
(and group delay peak) was near the center of the RF spectrum as noted above. Deeper
nulls (and higher group delay peaks) resulted in more distorted video which lead to
higher bit error rates. Using bit rate as the independent variable resulted in the conclusion
that higher bit rates for a given channel yield higher bit error rates.

Figure 10 shows the points at which the bit error rate climbs above 10-6 as a function of α
and ∆t for two bit rates: 2.4 and 5.3 Mbps. By connecting the points one can construct a
boundary between good and poor telemetry reception; the area to the lower left of the
boundary would result in bit error rate less than 10-6. The group delay spike amplitudes
for the points were approximately 270 ns and 150 ns for bit rates of 2.4 and 5.3 Mbps,
respectively, indicating that group delay is a good indicator of performance at a given bit
rate.

METHOD OF RECEIVING UNDISTORTED TELEMETRY

The current method used to couple the telemetry signal out of the canister is a bent
monopole antenna placed some distance from the missile antenna. This results in
coupling in which multipath causes substantial distortion as shown in the amplitude and
group delay plots in Figure 11.

Other techniques have been tested to see if improving the fidelity of the coupled signal
can be achieved, the most promising of which are the ones which place a somewhat
directional and polarization matched antenna close to and staring at the missile antenna.
This tight coupling results in low delay distortion and good signal amplitude.
Measurements of such methods of coupling indicate that using the proper pickup antenna
in the correct location can yield a high fidelity signal over the signal bandwidth within
the 2200-2300 MHz band. Figure 12 is a plot of amplitude and group delay generated by
using a microstrip patch antenna close to the missile antenna.



CONCLUSION

It has been shown that a method of receiving missile telemetry inside its canister can be
accomplished using an antenna to effect a tightly coupled channel which can be verified
by measurement of the group delay. For a given channel, performance will degrade with
increasing bit rate. The effects of multiple reflections on bit synchronization and
detection at high bit rates would be an area of investigation should an application for this
arise.
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Figure 1.  Magnitude of the Channel Function



Figure 2. Phase of the Channel Function

Figure 3. Group Delay of the Channel Function



Figure 4.  Channel Function in the Z Plane

Figure 5.  RF Spectrum of  a PCM/FM Signal



Figure 6.  Receiver Video

Figure 7.  RF Spectrum of a PCM/FM Signal Passed Through the Channel



Figure 8.  Receiver Video for αα=0.95

Figure 9.  Receiver Video for αα=1.05



Figure 10.  Bit Error Rate Boundaries for 2.4 and 5.3 Mbps

Figure 11.  Magnitude and Group Delay of an Existing Design



Figure 12.  Magnitude and Group Delay of a Proposed Design



An Analysis of Error Tolerance Property of Spread Spectrum Sequence

By Hu Daming & Zhou Tingxian

Abstract

This paper proposes a problem that the error tolerance property of spread spectrum
sequence influences the performance of spread spectrum system. Then the relation is
analyzed between the error tolerance property and the correlation property of binary
sequence when correlation detection is proceeded, and the theoretical limitation of error
tolerance is given. Finally, we investigate the relationship between the determination of
the output decision threshold of correlation, the probability of correlation peak detection
and the error tolerance of the spread spectrum sequence.

Key Words: Spread spectrum code  Fault tolerance  Correlation detection

1 INTRODUCTION

Spread spectrum code (sequence) plays a very important role in spectrum system. The
spread of spectrum is produced by the modulation of spread spectrum code , much merit
of Direct-Sequence spectrum system , such as strong anti-interference, low interception
probability, anti-multipath-fading, CDMA, timing and distance measurement , has a very
close relationship with spread spectrum code .therefor the study of spread spectrum code
is a hotspot in the recent research field of Spread spectrum .In the spread spectrum
system , the strong anti-interference capacity , strong error tolerance property by other
words, is obtained by the pseudorandom code which spreads the spectrum of the
transmitted signal and by the correlative detection at receive ending. The communication
capacity of spread system, such as the probability of correlation peak detection in system
synchronize building period and output signal to noise ratio, is decided directly by the
error tolerance ability of spread spectrum code. Error tolerance property is expressed as
the tolerable number of occurred error code during a sequence period under the
correlative receive method and correct decision condition .the proportion of error
tolerance property is closely related to the correlation property (include self-correlation
and complementary-correlation). In this paper we analyze the tolerance and correlation
property of binary sequence in spectrum receiving. We also analyze the tolerance
property of m-sequence used as spread spectrum code in details, the relationship between
error tolerance of spread sequence and the probability of correlation peak detection is
discussed in details.



2 THE RELATIONSHIP BETWEEN ERROR TORLENCE AND CORRELATIVE
PROPERTY

In the theory of code error detection, the distance of the code decides the error corrective
property. We assigned c1 and c2 as two codes, d (c1, c2) as the hamming distance of
these two codes, then

d(c1,c2)=D (1)
Where D is the digits of diverse bits within the two codes' correspond bits ,dmin is the
minimal distance of all probably hamming distance in the code sets.

dmin=mind(c1,c2) (2)
The error corrective property of the code can be expressed as:
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In the spread spectrum communication systems, the error tolerance capability of spread
spectrum sequence has great impact on the system performance, i.e., is related to the
accurate detection of synchronous sequence and interference between users.

In a single address spread spectrum system with only one sender and one receiver, the
receiver’s despread correlator does correlation operation on each shift sequence
(equivalent shift sequence) of spread spectrum sequences when detecting correlation of
sequence (in synchronization searching process). So by utilizing code sets composed of
all shift equivalent sequences, spread spectrum sequence is provided with error tolerance
capability due to its autocorrelation properties of spread spectrum sequences.

In spread spectrum multi-access communication system with multi-users, the receiver’s
despread correlator does correlation operation on spread spectrum sequences of every
user. The system’s error tolerance capability is depended on the intercorrelation property
of code sets composed of every user’s unique sequence.

In spread spectrum systems, binary sequence is received after intercorrelation operation.
The resemblance between sequences is indicated by correlation property of sequences.

Let U and V denote for two binary sequences with a period of N. The intercorrelation
function VU .θ  is
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Here A denotes for the number of equivalent corresponding elements in U and V. D has
the same meaning in equation (1).

Obviously the definition of intercorrelation function is accordant to the one of code
distance. Compare equation (1) and equation (4), we can see, the larger D is, the larger

),( 21 CCd  is, which implies difference between U and V becomes greater. So when



referred to error correction capability, VU .θ  and ),( 21 CCd have same effect. Equation (4)
applies to autocorrelation also, this time we regard U as one of shift sequences of V.

The correlation property is one metric for error tolerance capability. From equation (1)
and (2), we have

  DCCdd min),(min 21min ==                            (5)

  From equation (4) we have
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When estimating the error tolerance capability of one code, we can see the larger mind is,
the more errors it can tolerant. From equation (7), this means 

21.max CCθ must be minimum,

but the correlation property needs not to be uniform.

Assume the correlation property of one code set is like figure 1,the maximum value of
side lobe is maxθ . In the code set, when one bit error occurs in code word, its
autocorrelation value will be reduced to 1-2/N by 2/N.Meanwhile the worst situation is its
maximum side lobe value of intercorrelation peak values set will be increased to 1+2/N
by 2/N.Now assume t bits error occur, to make accurate correlation, the underlying
equation must be fulfilled.
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t                                    (8)

The equation above is the general expression for error tolerant capability of binary
sequence set with a period of N. We can see from equation (8), when N is fixed, the
smaller maxθ is, the larger t is.

3.using m-sequence as spread spectrum code

There are m, L, TP and H sequences as traditionally pseudorandom sequence is
concerned. Among those sequences, the highest efficiency and also the longest linear-
shift-register sequence is m-sequence.



According to equation (8), those sequence’s error tolerance property are:

(9)
For N is the period of m-sequence, and N=2m-1; m is the number of shift register; and the
total number of m sequence’ shifting-equivalence sequence are N, equation (9) can be:

(10)
As 2m-2 is an integer. So equation (10) is equivalence to:

 (11)
When m=3,4,5. t=1,3,7, from here we can see the excellent error-correcting performance
of m-sequence.

In the mono-address spread spectrum system, if using m-sequence as its spread spectrum
code; the error tolerance property would be the best.

In the binary spread spectrum system, the actually transmitted binary sequence is the
code sets of the total shifting equivalence sequence of spread spectrum sequence and the
complementary sequence of spread spectrum.

Assume m sequence A’s complementary sequence is A , according to [1], A  sequence has
the following double value self-correlation property:

 (12)
The cross correlation function of A and A  is:

 (13)
  The number of code word in code set which is constituted by m sequence and its

sequence is 2m+1-2.  Extend code set ,its n/1=ϑ . From (8), we can get that the
error tolerance is:
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and the t=2m-2-2.
It is equal to the result of formula (11). So when both A and A constitute a code set,

the max value of inter correlation is 1/N, this is one limitation factor to this system’s error
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tolerance of spread spectrum. If the 1/N is too large, some error tolerances of the code set
maybe lose. We can prove that, to a common binary sequence, if only the positive and
negative peak value of its intent inter correlation is small, we can use this method to
extend code set, such as L sequence, TP sequence, H sequence.

4.The relationship between error tolerance and inter correlation peak value detection
probability

In DS/SSMA system, the local spread spectrum do correlated computation to received
spread spectrum (it is a mix of many spread spectrum sequence in spread spectrum multi
address system) and make judge with correlation peak value .The peak value detection
probability will directly affect the self-synchronism capability of spread spectrum and the
BER of the m-ary spread spectrum communication system such as similar orthogonal
spread spectrum, collateral assemble spread spectrum communication. Because in this
kind system, the receiving judge is made with a group of values of correlater output’s
correlation peak value

The reasonable ascertain of judge threshold is important to get a high accurate detection
probability of correlation peak value.

We suppose that A0   is the judge threshold of correlation peak,  maxϑ < A0<1, maxϑ is the
max self correlation value of spread spectrum (using single spread spectrum sequence) or
the max value of inter correlation (using many spread spectrum sequences) .We can get
from analyze above that spread spectrum has error tolerance when it use inter correlation
receiving. So we should ascertain judge threshold of correlation peak according to error
toleration of spread spectrum sequence .We suppose that N is the length of sequence
period, according to the formula (8), the judge threshold is:
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When the number of error code in code word is less than t, We can get the right judge of
correlation peak. Suppose A is the output of correlater, so the probability of right
detection of correlation peak is:
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Among the formula, Pe is BER of the demodulated receiver carrier. For BPSK digital
channel, the relationship between BER of digital demodulation and signal noise ratio is
shown as follow:

( )( )ee NSerfcp /=  …………………………………………………….(17)

In user unit system, the output signals noise ratio of demodulated carrier is:…….



(18)

P denotes the signal power; Tc is the code-width of spread spectrum. Ec is the energy of
signal within Tc. N0/2 is the twin-power spectrum’s density.

In the multi-user system, assume each user’s signal arrive the receiver with equal power,
the signal-to-noise ratio is:

                                                                   (19)

In equation (19), (K-1)*(PTc)2 is the signal power of other (K-1) user, e.i multi-address
interference.

Fig.2 denotes the correlation peak detection probability differences of m-sequence,
balance GOLD sequence and orthogonal GOLD sequence with the sequence’ length
N=127 and working in mono-address spread spectrum system.
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Clearly, the correlation peak detection probability is higher when using m sequence as the
spread spectrum code.

5. Conclusion

In this paper, we propose a problem that the error tolerance property of spread spectrum
sequence influences the performance of spread spectrum system.  Through analysis we
draw the conclusion: the error tolerance property of spread spectrum sequence is decided
by the self-correlation and complementary property of the spread spectrum binary
sequence’s sets; the system’s error tolerance property will definitely influence some of
the system’s performance, for example, the detection ability and the degree of multi-
address interference. Because of m-sequence good self-correlation property, the error
tolerance property would be desirable if the shifting equivalence sequence of m-sequence
is used as spread spectrum.
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ABSTRACT

At present, there is no means of instrument direct measurement to frequency deviation
when it is up 500kHz. But the frequency deviation of high bit rate telemetry transmitter is
700kHz or more. In this paper, an indirect measurement method using spectrum analyzer
and counter is put forward. It effectively solves the measurement problem of frequency
deviation and frequency response of high bit rate telemetry transmitters. Measuring theory,
summary of experiences and difficulties in measuring work, have been deeply studied with
the viewpoint of how to avoid the limitation of different methods of measurement. Focused
on the establishment of an automatic measuring system, expert system, skilled data and
software of the system are studied in detail. The data for comparison is also supplied.
Finally, the analysis to the measuring error and general uncertainty is given.

KEY WORDS

Telemetry Transmitter, Frequency Modulation, Frequency Deviation Measurement, Expert
System (ES), Data Structure

PREFACE

With the incessant development of flying machine technology in the astronautic field,
capacity of information transmitting is highly requested. Frequency modulation system not
only has great capacity and micro distortion in information transmitting, but also has
powerful anti-jamming abilities. So it has been mostly adopted in the astronautic telemetry



field. To meet the requirement of information capacity, a great frequency deviation
modulating system should be adopted.

At present, the frequency deviation measure instrument in the international range can only
catch the frequency deviation, which is under 500kHz. But in the practical applications the
frequency deviation may be 700kHz, or even 1M, 2MHz. As direct measurement by
instruments can not handle such great quantum, only indirect measurement method can be
used. The research which is based on the analysis of frequency modulation waves
characteristics, try to find out the relationship between frequency deviation and other
parameters. After measuring other parameters under certain conditions, we can calculate
the frequency deviation through certain expressions. The measuring precision of the other
parameters can be very high, so it makes the measurement of great frequency deviation
feasible.

The measuring method for great frequency deviation through indirect way is a very
complex testing system. Rich experienced engineers and technicians should also be
demanded through the whole debugging process. It has a great sense of engineering, and
it’s calculating process is much detailed and troublesome. All of these seems quite difficult
and need a long time for measuring.

The uninterrupted maturing and perfecting of automatic measuring system nowadays gives
a revolutionary shock to electrical measurement. Computers in a measuring system no
longer simply imitate the artificial measuring process and provide simple instructions and
controls. Their ability has been brought into full play so as to strengthen the system’s
ability of real time control, logical judgement, data storage and mathematical operations.
Especially, computer can directly join in the work of analysis to the measuring
characteristics. Powerful computer software can replace some hardware of traditional
instruments. Also, computer can provide some functions that can not be provided by some
instruments. At this time, computer is playing a role as practical measuring technical
personnel. Its measuring software can completely simulate the thought of the measuring
personnel. It can choice a measuring method and takes proper steps by the judgement of
the instruments’ statement and the measuring data. In fact, it can be deemed as a miniature
Expert System. Our laboratory in the Telemetric Center has already successfully applied
the automatic measuring technology to great frequency deviation measurement, and built
up a great frequency deviation automatic measuring system. So, by the cooperation of
computer software and traditional hardware, the problems of means by hardware can be
easily solved. It can effectively take charge in the great frequency deviation measurement
of high code-rate, gives technical standard to great frequency deviation measurement and
can be used by common measuring personnel.



MEASURING PRINCIPLE

According to the measurement mission requirement and the laboratory conditions, this
measuring system adopts Bessel function zero value method, counter method and
amplitude comparison method. Among them, the Bessel function zero value method can
give the highest measurement precision.

1.1 Bessel function zero value method
 The spectrum expand expression of frequency modulation wave is
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 While Jn(mf) is nth order first class Bessel function of which the independent variable is
mf. From this expression we can know that except angular frequency of carrier wave, the
spectrum of frequency modulation wave involves lots of side band. The interval of side
band is fm(fm=Ω/2π). The amplitude is determined by every order Bessel function Jn(mf)
value. Of them, the variance rule of every order Bessel function Jn(mf) along with
frequency modulation index mf is shown in figure 1.
 

 
 

 

 

 
 Figure 1.  Jn(mf) Bessel Function Curve
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 From the figure we can know when mf in some values, the value of every order Bessel
function Jn(mf) will be zero. Then Un=UJn (mf)=0. Namely the amplitude of that frequency
point is zero, so that frequency will disappear on the display. These can be look-up from
Bessel function table, modulation frequency Fm can be accurately measured by
cymometer. So from the equation:
 mf fmf ×=∆

 high precision degree frequency deviation value can be calculated. These are the theory
bases of the Bessel function zero value method to measure frequency deviation.
 

 In practical measurement, we change the modulation frequency to find the zero point. One
common easy way is to look for the zero value point of the zero order Bessel function, that
is the minimum of carrier wave under different modulation frequency. The key point is to
find the zero value. Because of the lack of theory and practical experience of the
measuring personnel, sometimes the found zero value is not the real minimum, or can not
confirm which zero point the found zero point is. Also because of the bad capability of the
products, the frequency spectrum may be not pure. Even the generated parasitic
modulation can make the zero point faint. All of these carry great difficulty to the practice
of measuring method. All of the problems above should be solved by high level technical
staffs with practical engineering experience. Elementary measuring personnel can not deal
with the operation.
 

1.2 Amplitude Comparison Method
 According as the spectrum expands expression of frequency modulation wave, each
spectrum amplitude is decided by every order Bessel function Jn(mf). And the value of
Jn(mf) can also be calculated from the value of mf by the following equation
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 So there is some corresponding relationship between Jn(mf) and mf, that is Jn(mf) can be
acquired from mf. When Jn(mf) is given, the value of mf can be look-up from a calculated
table. Nay, to a certain mf value, not only Jn(mf) has an affirmative value, but also the ratio
of
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 is terminated. So if each specific value is known, the mf value can also be checked out.
From the following equation
 mf fmf ×=∆

 (in which Fm is very easy to be measured out), the frequency deviation can be calculated
out. But from figure 1 we can know, when mf is greater than 2.4, Jn is multi-valued while a



function value corresponds to several independent variables mf. So one specific value also
has several mf. to correspond. That brings difficulty to the measuring. Criterion must be
added to confirm a mf. by several specific values.
 

 In practical measurement, to avoid the multi-valued Bessel function, mf. in the range of
less than 2.4 is adopted in measuring. The spectrum line shown by the spectrum apparatus
is power density spectrum with tactic symmetry while carrier wave is the centre. By the
spectrum instrument’s great dynamic range and high precision characteristic, the relative
value a(dB) between carrier wave component J0(mf.) and first order side band component
J1(mf.) can be accurately and expediently measured. From the following equation J0(mf.)/
J1(mf.) can be gained.
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 Then the frequency deviation can be determined according as the principle given.
 

1.3 Counter Method
Counter Method is to measure the frequency deviation using electronic counter. Its
principle figure is in figure 2:

Figure 2. Counter Method Principle Diagram

The frequency modulation signal is produced by a mixer whose input are two synchronous
signals of f+∆f sinωt and heterodyne oscillistor output signal of f frequency. When there’s
no modulation, the mixer has no frequency difference signal output, the counter value is
zero; when there’s a modulation, a heterodyne frequency signal ∆f | sinwτ | is exist, the
counter will measure out it’s value. In a modulation signal period, the value N displayed by
the counter is:
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So the frequency deviation of frequency modulation signal can be calculated from the
reading N of the counter.

According to the above, the measurement of great frequency deviation is quite a
complicated process. Bessel function zero value method has a most highly precision, but it
can only be used on several fixed modulation indexes and can not work on other
modulation indexes. Amplitude comparison method can easily and directly look up
modulation index by function value (the difference of frequency amplitude) in the
modulation index range of less than 2.4. But when the modulation index is greater than 2.4,
because of the multi-valued of Bessel function, one amplitude specific value has several
corresponding mf values and several more pare of side band often needed to be measured,
using several specific values to look for one mf. So the precision would be influenced.
Those two methods both have some difficulty in measuring frequency deviation of large
modulation index. The difficulty is produced by the instrument’s own precision and
resolving power, so the frequency deviation measurement with modulation index greater
than 15 should adopt the counter method. Integrate the three methods, diversified great
frequency deviation measurement can be completed, and the frequency response
measurement can also be processed. That is, to different modulation frequency, measure
the frequency deviation of modulator and protract frequency response curve. That is very
important when the modulation signal is bogus stochastic code. Figure 3 is the system
connection figure.

AUTOMATIC MEASURING SYSTEM

The measuring of frequency deviation relates to many instruments, the metric method is
very complicated, and the data computation and handling is much detailed and complex.
Especially, when measuring frequency response, person in charge of operation must be
high level technical personnel with much experience, shall be very familiar to the
instruments, and must know very clearly about the metric method. Also, a long measuring
time is needed. However, computer can easily complete all these missions.

The great frequency deviation measuring system in our telemetric center laboratory uses
the following instruments: Frequency Spectrum Analysis Apparatus HP8566B, Low
Frequency Signal Generator HP3325B, Frequency Counter HP5340A, Frequency
Synchronizer WILLTRON6747B and HP8671B, Multiplexer HP3488, etc. All the
instruments have HP-IB interfaces and programmable functions, so an automatic
measuring system can be easily founded. The flowchart of the program is shown in Fig. 4.



Figure 3. System Connection Diagram

The measurement software has four parts: system configuration checking and assigning
language interface, Bessel function zero value method, amplitude comparison method, and
counter method. Each part is composed by the followings: instrument control program,
HP-IB interface management program, measuring data analysis and processing program,
command judgement and program composition choice.

The mission which software complete is inspecting the statement of the instruments to be
requested or not. If the statement is “right”, it will transmit the measuring data. Depend on
the statement and data, it can generate corresponding measure algorithm, accomplish the
great frequency deviation measurement by not numerical algorithms computation  methods
of table checking, extremum searching, etc., then it will print out the results. If the
statement is “false”, the software will previously compile the related theories and project
experience of high level measuring technical personnel into data and conditions and store
them in the program. Under the data and conditions, software will judge the statement of
the instruments, generate an adjusted scheme to change the instrument’s statement until it
becomes “right”. Then data can be transmit and operated, and the result is printed out.

The accomplishment of final measuring needs no intervention of personnel. The software
imitates not only the action but also the thinking of measuring personnel. So the difficulty
in software programming is that computer should find the carrier frequency zero instead of
personnel, automatically generate a Bessel function, and look for correspondent
modulation exponent under certain amplitude ratio value. Others like arithmetic value
computation, command control and print output become just easy with the development of
automatic measuring level and data structure technologies. The whole software involves
the three measuring methods and data operation process is divided into subprograms in
function library which can be transferred when ever necessary. Completely modularized, it
achieves a typical Expert System.



Figure 4. Software Flow Chart of Automatic Measuring

In practical usage, the only thing to do by personnel is to input the modulated voltage into
computer, other measuring process is all completed by computer. First, a rough frequency
deviation is measured out through counter method. Then, accurate frequency deviation and
response can be given by other methods.



APPRASING METHOD FOR THE SYSTEM

Frequency deviation is a derived parameter, so it has no benchmarks. The measurement of
it can not be appraised by benchmarks or standards levels as time and frequency can be
done. Standard transfer can not do the appraisal of its precision. So the only way to
examine the system’s precision is measuring contrast.

To test the measuring precision of the system, we made a measuring contrast to the
standard frequency synchronizer HP8662A between measuring receiver HP8902A and this
system. The result is presented in table 1. It shows that this system has a high measuring
precision. Because there’s no frequency deviation instrument or standard generator of up
500kHz, there’s no way to make the measuring contrast in this range. We can only deduce
it from the result in Table 1.

Table 1. Measuring result to HP8662A by the system and HP8902A

Modulate Frequency(kHz) ∆f(kHz)HP8902A ∆f(kHz)measuring system
200 193.5 196.6
150 201.1 198.9
100 201.2 199.7
83.2 200.1 199.6
30 202.1 200.1
1 195.4 194.3

0.5 197.3 199.6
0.1 197.5 201.4

0.05 197.4 201.6
0.01 198.2 201.9

Carrier Wave Frequency: 1.2GHz
Contrasted Absolute Difference Value: 0.5kHz ~ 4.2kHz
Contrasted Relative Difference Value: 0.25% ~ 2.1%

CONCLUDING REMARKS

The great frequency deviation automatic measuring system has been applied in many
missions, civil products testing and measurements for frequency deviation and frequency
response of some instruments or meters. All the applications showed well effects of the
system. It raises the measuring speed, precision and reliability of result. And the system
runs stably and reliably. It can not only solve the difficult problem of the great frequency
deviation automatic measuring of telemetry transmitter, but also measure the frequency
response of modulator in great dynamic range. With computer control, the operation of the
whole measurement system can be accomplished by common technical personnel or even



the staffs who is not familiar to the instrument usage or not clear to the frequency
modulating theories.

The system has been tested domestically and been appraised and censored by an appraisal
committee formed up by experts in measuring specialty. It is thought that until now there’s
no commercial instruments that can be used in measuring the frequency deviation up
500kHz in and out the country. So this system fills a gap and is on top level domestically.
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 STATE EVALUATION OF TELEMETRY SYSTEM
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ABSTRACT

The telemetry system has been used in many important fields. Generally speaking, it’s
easy to judge whether the system operation is successful or not. But when it is running
normally, it is not easy to evaluate the medium state (between success and fail) of the
telemetry system, likes a man’s spirit state. In this paper, a method with fuzzy theory is
brought forward to evaluate the “Spirit State” of the telemetry system. This method can
be used to evaluate the telemetry system, or to evaluate other important system states. By
this method, the estimation to the mission will be very exact and reliable.

KEY WORDS

State evaluation, Telemetry system, Range test.

INTRODUCTION

Telemetry system is used for acquiring important test data in range test mission, so it is
very important to ensure the telemetry system is reliable. As a rule, it will need quite
some time to warm-up the telemetry system until it reaches a good state, doing this
maybe cost half an hour or more. We have developed test equipment four years ago, with
it the transmission precision of FM/FM can be detected. But we have not done much
researching work due to lack of financing and time. Today, computer technology is being
adopted more and more in telemetry system, it may be easy to evaluate the state of a
telemetry system precisely. In this paper, In view of the development direction of
telemetry technology, we will study a new method to evaluate the state of a telemetry
system.

Presently, the size of telemetry system has been getting smaller and smaller, the degree of
automation has been getting higher and higher, the method to evaluate a telemetry system
can be closely related to computer. The fuzzy theory and computer technology will be
used together with the method to evaluate a telemetry system in this paper.



Method to Evaluate the Telemetry System

The main parameters to evaluate a telemetry system include system transmission
precision, input signal dynamic range, receiving channel threshold, multipath rejection,
and bit error rate. Because the tuning range and transfer data rate and so on are relatively
stable, there is no need to evaluate them.

In order to evaluate a telemetry system, we must establish some standards, which must be
alterable with different range test missions, which may have varied requirements. For
example, the multipath rejection is an important factor for low altitude flying test; the
receiving channel threshold is more important for remote and high-altitude-flying target
test. In short, the evaluations result (suppose it is recorded as R) can be described with a
state value. The result can be calculated through a state matrix. It can be described as
following:
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Where

     R is the evaluation result of certain telemetry at certain time with certain range test
mission. When R is bigger than the threshold, the telemetry systems will entry the ready
state.
     sn is the result of certain state's evaluation, sn can be automatically obtained from
system detecting. It is a variable related with time and environment. In this paper, we will
discuss how to obtain the variable matrix from the telemetry system.

     Vn is the weight-coefficient of certain state's evaluation. It is related with certain
range test mission, which can be recorded as a coefficient look-up table.

The Way to Accomplish the Method

There are two difficult points to accomplish the method as shown as formula (1). First of
all, we must obtain the sn matrix. In next place, we must define the vn matrix set, we will
select one subset according to different range test mission. In this paper, we will build up
a relatively simple model to discuss these questions.



It is assumed that telemetry system state includes receiving threshold, bit error rate,
multipath rejection and sweep capability, and telemetry system is PCM/FM mode. So n is
equal to 4 in formula (1). Next, we will obtain sn from the telemetry system, the method
is described as figure 1.

Test-System configuration is shown as figure 1. All of the sub-systems are similar as
usual telemetry system, but they can give out test matrix. Here, The Ideal Signal
Simulator is controlled by Central computer, and used as calibration facilities. Control of
the Ideal Signal Simulator is available from central computer, which is used to control
output frequency, output signal level, output noise level, data rate, modulation formats,
doppler frequency shift and output multipath signal. In Receiver unit, there are some
sensors that can output AGC level, AFC level, PCM threshold and output level, etc. The
bandwidth, AGC, AFC, Signal combined or not can be controlled by central computer. In
the Demodulator, data rate, mode and loop BW can be controlled via central computer.
The parameters of input frequency, input radio level, source data (includes data rate),
received data will be real time collected and stored by central computer. At the same
time, the computer will calculate the localized coefficient matrix S.

It is assumed that the test mission is about low altitude flying object, so the multipath
rejection is important, the weight coefficient about multipath rejection is larger than
others. The vn matrix can be described as following.

( ) ( )1.0,5.0,2.0,2.04,3,2,1 == vvvvV                                    (2)

The Ideal
Signal Simulator

Receiver Demodulator

Central Computer
Data Processing and System Controlling

Figure 1 Test-System Configuration



So R can be calculated.
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According to the importance or the test mission, when R is more than 0.9, the state of the
telemetry is considered to be good.

Conclusions

In Viewed of the direction of telemetry technology development in the world, telemetry
system will adopt modularization, standardization, universalizes technologies widely.
Telemetry system self-testing should be as easy as that of computer POST. This can be
used in other application field, for example telecommunication system or production
system or management system. Matrix Dimension maybe more than two, the system and
results maybe more complex than the sample in this paper.
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ABSTRACT

In this paper, a hybrid frequency division multiple access/code division multiple access
(FDMA/CDMA) system in a Rician fading channel is described and analysis. The
performance of the hybrid system is compared with a wideband CDMA system, which
occupies the same total bandwidth. The results show that for DPSK modulation with a
RIKE receiver, a hybrid system can have a greater capacity with a strong direct path
component or a high signal to noise ratio (SNR). Otherwise, a wideband system remains
optimal.

KEY WORDS

Hybrid FDMA/CDMA, CDMA, Rician fading.

INTRODUCTION

Hybrid frequency division multiple access/code division multiple access
(FDMA/CDMA) can be used as an alternative to the direct sequence-code division
multiple access (DS-CDMA) when the available bandwidth have gaps. Fig.1 shows the
spectrum of this hybrid scheme. The available wideband spectrum is divided into a
number of subspectras with smaller bandwidths. Each of these smaller sub-channels
becomes a narrowband CDMA system having processing gain lower than the original
“wideband” CDMA system, for convenience, the bandwidths of each subspectrum are
assumed equal. This hybrid system has an advantage in that the required bandwidth need
not be contiguous and different users can be allotted different subspectrum bandwidths
depending on their requirements.



The performance of hybrid FDMA/CDMA in frequency selective Rayleigh fading is
presented in [1], and paper [2] studied the coherent, hybrid FDMA/CDMA in the Rician
Multipath fading. Since the channel is time-variant, the channel parameters cannot be
estimated perfectly. In such a case, we should consider using DPSK modulation with
RIKE receiver.

Figure 1. Spectrum of wideband CDMA compared to the spectrum of the hybrid
FDMA/CDMA

This paper is organized as follows. In Section II, the CDMA system and channel model is
described. In Section III, the bit error rate (BER) expressions for DPSK modulation
format are derived. Results and conclusions are provided in Section IV and V,
respectively.

CDMA SYSTEM AND CHANNEL MODEL

The system model to be considered consists of K simultaneous transmitters (the zeroth
user being the reference user whose performance is to be evaluated). The processing gain
is N, the sequences of all users have a common chip rate of 1/Tc, where Tc=T/N, and 1/T
is the information bit rate. Let ak(t), dk(t) denote the code sequence and data siganl (the
data bits are differentially encoded for DPSK) waveform of kth user. The transmitted
signal for the kth user is

[ ]cfj
kk etutS π2)(Re)( = (2-1)

where
kj

kkk etdtaPtu θ)()(2)( = (2-2)
and where P is the average transmitted power, common to all users; fc is the common
carrier frequency, and kθ  is the phase of kth carrier.

A model for a frequency selective multipath channel is a finite-length tapped line.
Assume system operates asynchronously, thus the equivalent lowpass signal at the
receiver front end of reference user is

Spectrum of Wideband CDMA

Spectrum of Hybrid FDMA/CDMA
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where the first term is singal component, the second term is multiple access interference
component which is approximated to an asymptotically Gaussian random variable (rv)
(as the number of users becomes alrge).

For simplicity, perfect power control is assumed. Also, we assume that the fading
statistics for each user are identical, and the average received power in each resolvable
path is the same. Thus, the equivalent lowpass signal of kth user for the Lp path can be
expressed in the form
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where }{ lj
l e

φα −  represent the attenuation factors and phase shifts for the Lp path, βα =0  is a
constant direct path component. All signals in the set {ulm(t)} have the same energy, nl(t)
denotes the additive white gaussian noise on the lth path with zero mean and spectral
density N0.
The multipath intensity profile (MIP) is assumed to be constant
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ERROR PROBABILITY ANALYSIS

System employs the RIKE receiver structure for DPSK modulation. When the transmitted
signal waveform satisfies the orthogonality property, we have the conditional error
probability

∑
−

=

−
−=

1

0
122

2

1
)(

L

k

k
kL

beP γγ γ (3-1)

where

∑
−−

=







 −
=

kL

n
k n

L

k
b

1

0

12

!
1 (3-2)

where γ  is signal to noise ratio per bit.
Consider the affection of multipath and multiple access, the γ  expressed in the form [2]
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where E is the bit energy.
Let
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Since { }lα  is independent and Rayleigh distributed, then A has a distribution in the form
of a chi-squared rv with 2(L-1) degrees of freedom. The expression for the density
function is
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From the (3-3), (3-5), (3-6), we find the probability density function of the γ
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Using standard integration techniques to remove the conditioning of γ , the final
expression for the probability of error is determined to be
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RESULTS

In the follow graphs, Lf refer to the number of CDMAsections formed from the available
bandwidth, 0

2 / Ωβ  is the ratio of the specular power to the average power for the scattered
path of the “wideband” system ( 1=fL ), 00 / NEΩ  is the signal to noise power ratio (SNR).
Paper [1] demonstrated that the processing gain and the number of paths of the
“narrowband” CDMA sections affected by the bandwidth are reduced.

Fig.2-4 show the average bit error probabilities for each user. Comparing Fig.2, 3 and 4,
when direct path component power is lower, the performance of “wideband” CDMA is
better, with the increase of direct path component power, the hybrid systems achieve a
better performance than a “wideband” CDMA.

Fixing the number of users is 180, fig.5 shows, with the increase of SNR, the
performance of hybrid systems will exceed “wideband” CDMA.
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CONCLUSION

In this paper, the hybrid FDMA/CDMA system with DPSK modulation with RIKE
receiver in the Rician multipath fading is described and analyzed. The results show, when
the direct path component is stronger or the SNR is higher, the hybrid FDMA/CDMA
system excells a “wideband” CDMA system. Therefore, differing with coherent
modulation, nocoherent demodulation lost signal energy, so the “wideband” CDMA
system with DPSK modulation is not optimal.
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ABSTRACT

L-3 Communications Telemetry & Instrumentation (L-3 T&I) has developed an advanced
IBM PC-AT  Telemetry, Tracking, and Commanding (TT&C) SATCOM system based on
the utilization of Field Programmable Gate Array / Digital Signal Processing (FPGA/DSP)
microprocessors. This system includes up-link, down-link, and range processing sections.
Physically, the system consists of one IF Transceiver and two or more FPGA/DSP
microprocessor boards called Advanced Processing Microprocessors (APMs). The form
factor of these PWBs is compliant with full length, full height IBM PC PCI bus cards. This
paper describes the features and functionality of an advanced Telemetry, Tracking, and
Commanding Processing System (TT&CPS) based on the implementation of FPGA and
DSP microprocessors.

The high-level functional attributes of the TT&CPS are depicted in Figure 1. There are
four main functional blocks: the IF Transceiver, the Down-Link Processing Section, the
Up-Link Processing Section, and the Range Processor. The analog/IF circuitry in the IF
Transceiver card interfaces between the 68–72 MHz (70 MHz, nominal) IF I/O signals and
the Up-Link and Down-Link Processing Section's DSP equipment. The down-link portion
of the IF Transceiver card has two user-selected input ports. From the selected input, the
signal is processed through selectable bandwidth limiting, gain control, Doppler correction
(optional), quadrature down-conversion to zero hertz (baseband), selectable baseband
filtering, and precision Analog-to-Digital (A/D) conversion. The up-link portion of the IF
Transceiver card takes I/Q digital data from the APM performing the up-link processing
functions. This baseband I/Q digital data is Digital-to-Analog (D/A) converted, filtered,
quadrature up-converted to 68–72 MHz, up-link Doppler corrected (optional), output level
detected and level controlled, and sent to a two-position output selector switch.



Figure 1.  Telemetry, Tracking, and Commanding Processing System Functional
Diagram

The down-link portion of the TT&CPS provides main carrier linear PM or BPSK or QPSK
demodulation and can also, in composite linear PM demodulation mode, receive and
demodulate FSK and/or BPSK subcarriers and ranging signals. The demodulators use
symbol timing loops and bit decision circuits (matched filters) to perform the bit
synchronization function. Several decoding algorithms, including differential, de-
interleaving, Viterbi, and Reed-Solomon, are available for the down-link telemetry.
Command format checking and CRC status is also available on FSK-demodulated data.
Direct carrier BPSK/QPSK demodulation has decoding and frame synchronization
capabilities. Because of the modular construction of the firmware and the use of FPGAs
and DSPs, the system can be loaded with only the functions in use, lowering initial setup
time while increasing overall system capability. To support a particular function, the card
is downloaded with an “image,” which programs the FPGAs and DSPs at initialization.
The user can change configurations by simply downloading a new set of instructions to the
FPGA/DSP on the fly to keep the ground station running with minimal downtime. The
flexibility of the design minimizes spare board costs, while achieving greater
programmability at the end-user location.
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TT&C PROCESSING SYSTEM FUNCTIONAL OVERVIEW

The up-link portion of the TT&CPS provides main carrier linear PM or BPSK or QPSK
modulation, and during main carrier PM mode, can generate tunable FSK and/or BSPK
subcarrier commanding/telemetry signals. As with the down-link portion, several encoding
algorithms, including differential, interleaving, convolutional, and Reed-Solomon, are
available. Command formatting and CRC generation is also available on FSK modulator
data. Direct carrier BPSK/QPSK modulation has encoding and symbol shaping
capabilities. The subcarrier signals can be summed with ranging baseband signals from the
Range Processor.

The FPGA/DSP-based Range Processor can generate tone and/or PRN signals for up-link
as well as receive tone and/or PRN signals on the down-link and perform range
processing. The ranging signals can either be baseband signals (for summing with other
signals and then PM modulating the composite signal) or subcarrier modulated signals
(PRN/BPSK, for example). The Range Processor works with the main demodulator in the
Down-Link Section, which performs main carrier Doppler compensation. The Range
Processor uses the main carrier Doppler to estimate residual Doppler on the ranging
signals and to perform the final calculations of range and range rate.

The functional block diagram for the IF Transceiver of the TT&CPS is shown in Figure 2.
This transceiver provides all analog signal processing and A/D or D/A conversion for both
the down-link and the up-link. The Down-Link Section (shown on the top portion of
Figure 2) receives the 68- to 72-MHz center frequency IF signal in one of two user-
selectable input ports, potentially from the system’s own PC-based RF down-converters.
The signal is passed through a fixed pre-selector filter and then to a programmable
attenuator. The programmable attenuator is only used during periods of high input signal
levels to maintain optimum Signal-to-Noise (S/No) levels in the rest of the down-converter
chain.
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The next signal processing block is a 70- to 21.4-MHz converter. This converter has
several functions. First, it establishes the user-selectable center frequency (68–72 MHz) in
1 kHz steps. Second, it provides an LO signal to the Doppler error metric section for
Doppler or frequency error detection of the main carrier. Third, it can be used to
compensate for the Doppler or frequency error shift. The control of this Doppler
compensation comes from DSP circuits in the Down-Link Section of the TT&CPS.

The next block, the Analog Bandpass Filters block, represents a bank of user-selectable IF
bandwidth filters. These filters are used to optimize the S/No of the incoming signal. The
signal then passes through a gain control amplifier that is controlled from DSP circuits in
the Down-Link Section of the TT&CPS.

The next block is the Quadrature Down-Converter, which takes in the conditioned 21.4-
MHz IF signal and performs a quadrature down-conversion to zero hertz. The LO used for
this conversion is fixed. The I/Q signals from the Quadrature Down-Converter are passed
through user-selectable arm filters (low-pass filters), which limit the bandwidth of the
signals into the A/D converters. The 12-bit A/D converters are clocked by a low-phase
noise, high accuracy 32-MHz master conversion clock. From this point, both A/D outputs
and the 32-MHz clock are converted to differential signals and are sent to the Down-Link
Section of the TT&CPS.



The Up-Link Section of the IF Transceiver is shown on the bottom portion of Figure 2.
This section receives I and Q data in a differential digital format from the Up-Link Section
of the TT&CPS. This data is clocked into the D/A converters using the same 32-MHz
master conversion clock that is used in the Down-Link Section. The I/Q analog output
signals from the D/A converters are filtered and sent to a quadrature up-converter that
converts the I/Q baseband data into an IF signal at 70 MHz, nominal.

The Quadrature Up-Converter has several functions. First, it establishes the user-selectable
output center frequency (68–72 MHz) in 1 kHz steps. Second, it provides an LO signal to
the Doppler error metric section for Doppler or frequency error detection of the main
carrier. Third, it can be used to compensate for the Doppler or frequency error shift. The
control of this Doppler compensation comes from DSP circuits in the Down-Link Section
of the TT&CPS. The output of the Quadrature Up-Converter is sent through a bandpass
filter and through a user-programmable gain/level control stage. The output signal is then
sent to both an SPDT RF switch and an output level detector circuit. The output level
detector circuit is used to monitor the output level of the Quadrature Up-Converter and
also for system-level calibration. The signal is then made available for the TT&CPS’ own
PC-based RF up-converters or other up-link equipment.
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UP-LINK SECTION

The Up-Link Section of the TT&CPS is shown in Figure 3. The functional blocks shown
within the dashed box are part of the IF Transceiver card. The remaining functional blocks
are accomplished within the FPGA/DSP, also known as the PCI Advanced Processing
Microprocessor (PCI APM) card. Overall, this portion of the system provides the
capability for:

• Direct BPSK/QPSK or linear PM modulation

• Linear PM with

• Up to two, tunable BPSK/QPSK subcarriers

• FSK commanding

• Tone or PRN ranging

• Direct data input

• Up-link Doppler compensation

• Output level control

The functional block in the upper right of Figure 3 can be used either for direct
BPSK/QPSK modulation or for subcarrier BPSK/QPSK modulation. The data source can
be either internal (via the PCI bus) or external. Data can be presented as separate I/Q data
or as a single stream that is internally split between the I/Q channels. Also, internally
generated data can be output to an external device like an encrypter or encoder, and then
the externally processed data can be brought back in via the external data ports for
modulation.

Programmable symbol shaping filters are available to provide a variety of symbol shaping
capabilities, including Square Root Raised Cosine symbol shaping with user-defined alpha
factors from 0.3 to 1.0. The shaped symbols are sent to either a programmable quadrature
up-converter (when generating a subcarrier), which establishes the center frequency of the
subcarrier, or to the main modulator's I/Q arms (for direct BPSK/QPSK modulation). In the
subcarrier generation mode, the I/Q signal is converted to a composite signal and is then
passed to a gain control stage. The gain control stage establishes the modulation index of
the subcarrier onto the main linear PM carrier. This signal can also be sent to an 8-bit
DAC for monitoring purposes. The functional block just below this section provides an
optional second BPSK/QPSK subcarrier generator with the same capability as the first. For
PRN ranging on a subcarrier, the baseband PRN sequence can be put into either of these
subcarrier generators.



The next section down is the FSK Commanding Section. Once again, the data source is
either internal (via the PCI bus) or external. Three tones, "1," "0," and "S," can be
independently controlled or disabled. The TT&CPS allows the user to use (or not use) the
"S" tone in a variety of different ways. The Command Timing Processor (CTP) is a
flexible timing processor used to generate four TTL control signals that generate "1," "0,"
"S" and clock FSK command tones. Each tone control signal is independently controlled
with <50 nS resolution. Complex timing and functional relationships between the four
tones can be easily defined. The system supports Non-Return to Zero Frequency Shift
Keying (NRZ-FSK), Return to Zero FSK (RZ-FSK), Bi-Phase Low FSK (BP-L FSK),
EXECUTE pulses with programmable length and period, automatic command header,
command separation, and fill data insertion, as well as a wide variety of error detection
encoding. The clock signal can be continuous or a burst format. Its phase relationship to
any other signal can be adjusted +180 degrees with 1 degree accuracy.

Command building is performed either by a commanding software package or by the
TT&CPS’ Windows NT-based application software. Commanding data can also be sent
through the BPSK/QPSK subcarrier modulators described above.

The last few blocks on the lower right side of Figure 3 allow data to be presented directly
to the PM Modulator's baseband input. Range tone signals can be summed in at this point
as well as generic, external digital data. Each input has an amplitude control (or index
control) that sets the PM modulation index for that portion of the complex baseband signal.
The lowest input block can input data from either the PCI bus or an external source.
Optional symbol shaping can be applied to this data. Once again, the PCI data can be
supplied to an external device.

All of the first tier baseband processing elements discussed here are digitally summed into
a composite baseband signal and applied to the Gain Adjust Block at the input to the PM
Modulator. This block sets the overall mod index of the PM Modulator. The next
processing block is the PM Modulator. The PM Modulator output I/Q data, which goes
through an I/Q modulation compensation network, compensates for all amplitude and
phase imbalances in the system, including the Analog Output Section. The remaining
elements within the dashed block belong to the IF Transceiver.

DOWN-LINK SECTION

Figure 4 is a functional block diagram of the Down-Link Processor Section of the
TT&CPS. The Down-Link Processor supports a wide variety of modulation schemes and
data rates, including:
• Direct carrier linear PM and AM

• Direct carrier BPSK/QPSK (rates to 4 Msps)



• Direct carrier linear PM with

• Up to two BPSK/QPSK subcarriers per board, with up to 4 optional per stream

• FSK commanding

• Ranging (tone, PRN, ESA (old), and ESA MPTS)

The IF signal (68- to 72-MHz center frequency) is input into the Down-Link Section of the
IF Transceiver card. After the initial BandPass Filter (BPF) stage, the signal is sent through
a voltage-controlled amplifier. The amplitude control is digitally derived in the DSP chain.
This scheme will be described when we reach the amplitude measurement section.

After level adjustment, the signal passes through a 70- to 21.4-MHz down-converter and a
bank of selectable analog BPFs. The system will select the optimal BPF that will pass (as
close as possible) only the signal of interest. The filtered signal is then sent to the I/Q
Quadrature Down-Converter. The Quadrature Down-Converter mixes the band-limited
21.4-MHz IF signal with a fixed 21.4-MHz LO signal. The I/Q output signals are therefore
mixed to approximately zero hertz (baseband). In reality, these signals will initially be less
than or greater than zero because of overall system-level frequency errors and Doppler
frequency shifts. Note that the LO signal used in the 70 - to 21.4-MHz converter is derived
from a Phase Lock Loop (PLL) synthesizer that uses a Direct Digital Synthesizer (DDS)
for Doppler compensation. Also, the PLL’s reference is derived from a master system
reference that is used throughout the TT&CPS.

The DDS provides very fine granularity frequency control (<0.03 Hz), and no matter what
the size of the step, provides phase continuous transitions. The Doppler correction signal
also comes from digital DSP circuits (see the high-speed I/Q Demod Section). Next, the
I/Q signals are sent through selectable analog low-pass filters. Once again, the system will
select the optimum cut-off frequency. The filtered I/Q signals are then A/D converted at a
fixed rate of 35 Msps. From this point on, all of the signal processing is performed
digitally.

The digitized I/Q signals and the 35-MHz conversion clock are passed from the IF
Transceiver card to the APM Down-Link Processor via differential drivers and receivers.
The first DSP block is the Adaptive Equalizer. The Adaptive Equalizer is used for the
removal of inter-symbol interference in direct BPSK or QPSK demodulation mode. The
I/Q samples then go into a Filter and Decimate block. The amount of filtering and
decimation performed in this section is a function of the information bandwidth within the
complex signal. Another function within this block is level detection. The output level of
both the I and the Q channels will be sampled and sent to one of the DSPs on the
Advanced Processing Microprocessor (APM). This DSP will apply a second-order AGC
control loop to the I/Q samples and output a continuous stream of digital words to control
the AGC amp in the IF Transceiver through a D/A converter.
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Figure 4.  TT&CPS Down-Link Processor

The filtered I/Q samples are then sent to two separate demodulators and are available to
the outside world through an external interface. The ARCTAN Demodulator performs
linear PM and coherent AM demodulation. A gain control section is included in the
ACRTAN Demodulator to set the deviation/bit sensitivity of both the AM and PM
Demodulators. The recovered AM signal is sent to a programmable filter section and then
to an A/D converter. Note that the recovered AM signal is available as both an analog and
a digital signal and is compatible with most antenna control systems. The recovered PM
signal is also sent to its own programmable filter section. If the recovered PM signal is the
desired signal, it also can be taken either as a digital signal or as an analog signal (see the
lower right-hand section of Figure 4). Since most ranging signals are in some fashion linear
PM modulated onto the carrier, the system provides a digital interface of the recovered
linear PM signal to the Range Processor.

The High-Speed I/Q Demodulator Section has two functions. First, it provides the
detection of carrier (whether real or reconstructed) offset, which is sent to one of the DSPs
in the APM for carrier tracking. A second-order control loop algorithm is applied to the
carrier offset information, and the resulting stream of digital control words is sent to the
DDS in the IF Transceiver to correct the Doppler frequency shift. This carrier detection
function is present during all operational modes.

The second function of this section is to provide high-speed demodulation of directly
modulated BPSK or QPSK signals. The incoming I/Q samples may, depending on the
symbol rate, be further bandwidth limited and decimated. Then, depending on the
demodulator’s mode, another filter process will be applied. The two modes are Integrate



and Dump and Matched Filter/Sample. In the Matched Filter/Sample mode, a Symbol
Matching Filter is applied that is specifically designed to match the characteristics of the
modulator’s shaping filter. This Symbol Matching Filter will create an output signal, which
at one point in time optimally represents the symbol’s state. The Bit Decision Circuit is
used to sample the waveform at that point in time. The timing is established through the
Symbol Timing Loop block just below the Bit Decision block. This circuit is essentially a
bit synchronization circuit that creates a sample clock coherent with the incoming symbols.
If the demodulator is in Integrate & Dump mode, the Symbol Matching Filter Section is
used to establish the final bandwidth of the signal. Then, the Bit Decision Circuit performs
an integration process over the bit period and samples the final result of the integration to
decide the state of the symbol.

The final processing block in this section is the Post Processing block. This block contains
frame synchronization and a variety of FEC algorithms (differential, Viterbi, Reed-
Solomon, V.35, de-interleaving, etc.) as well as symbol de-multiplexing. The sequencing
of these FEC algorithms is fully selectable. Also, provisions have been made to
accommodate external processors (like decryptors). The externally processed data can be
returned to the system for further processing and/or distribution on the PCI bus. The final
processed data can be accessed either through the PCI bus (or Ethernet) or directly
through the data/clock external interface.

Several subcarrier processors are available at the output of the PM demodulator. These
include two BPSK/QPSK tunable subcarrier demodulators (processors), one FSK
demodulator, and a variety of range processors (via a hand-off to the Range Processing
card). The subcarrier processors are very similar to the high-speed I/Q Demod with one
notable exception at their input. The subcarrier’s center frequency is tuned very close to
zero hertz via the Quadrature Down-Converter and a Digital Oscillator. The carrier
recovery circuit (Digital Costos Loop) controls the Digital Oscillator and compensates for
any residual Doppler. Note that initial acquisition of the signal is aided by an estimate of
the residual Doppler derived from the main carrier Doppler. The remainder of the
subcarrier processors operate the same way as the high-speed I/Q Demod except that the
data rates are much less (<500K sps). The Command Demodulator is actually an FSK
demodulator. It can detect up to three tones (1-0-S), each with tunable center frequencies.
The 1-0-S data is sent to a Timing Recovery Circuit, which derives a coherent clock. Then,
the 1-0-S data and clock is available to the outside world via the external interface or the
PCI bus. External processing elements can also be applied to the commanding data via the
remote interface and can then be routed back to the PCI interface.



RANGING FUNCTION

The development of a universal ranging system was a prime goal of the TT&CPS. Because
of the wide variety of satellite-specific ranging solutions, the task of achieving this goal
was a significant challenge. To meet the need for processing power and flexibility, a
closely coupled system that utilizes analog processing, high-density Field Programmable
Gate Arrays (FPGAs), Digital Signal Processors (DSPs), and the latest advancements in
digital signal processing presents the best approach.

Satellite ranging systems typically can be divided into three types of designs: tone, digital-
sequential ranging/PRN (pseudo-random noise), and hybrid (tone/digital combination)
designs. Commercial GEO satellite systems often incorporate tone ranging systems
because they are a simple and cost-effective solution to slow moving vehicles. One of the
limitations of most tone ranging systems is that the period of the lowest frequency
(MINOR) tone must be longer than the two-way range being measured. This limits the
maximum range of these types of systems because the systems’ modulators and
demodulators have low frequency limits.

Ranging systems developed for deep space exploration overcome this problem by making
use of long serial digital sequences or PRN codes. These digital signals appear to be
random in nature, but always repeat over a descrete period, which resolves range
ambiguity. The PRN code period can be made to be very long (days, months…), enabling
ranging in the longest deep space missions. One problem brought on by these long codes is
the long time required to acquire them, especially in low S/No environments. To combat
this problem, some PRN ranging systems have been designed with PRN sequences that are
a linear combination of several shorter PRN sequences. These shorter codes have unique
properties that allow faster detector acquisition and sometimes intermediate range
estimates using unique mathematical functions like the Chinese Remainder Theorem.
These sequences are combined so that each of the individual codes can be independently
detected, but the overall combination is unique and long enough to resolve the maximum
range. It should be obvious, even with this limited introduction, that PRN systems can get
very complicated and expensive. Note that the Chinese Remainder Theorem has also been
used to overcome the maximum range limit problem in tone ranging described above.
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Figure 5.  Tone Ranging Simplified System-Level Block Diagram

TT&CPS TONE RANGING*

The TT&CPS Tone Range Processor (TRP) uses Digital Signal Processing (DSP)
techniques that are implemented partially in FPGAs and partially in a DSP processor. A
simplified system-level block diagram is shown in Figure 5. The TRP can simultaneously
generate and process one or two tones per Tone Range Processor-APM (TRP-APM). Up
to one additional TRP-APM can be added to provide a maximum of four simultaneous
tone signals. In any configuration, multiple tones or tone sets can be output in a sequential
manner and can then be processed as a group. This is described in detail below.

The ranging tones are sent from the TRP to the Up-Link Modulator via a parallel digital
word interface. The Up-Link Modulator combines the ranging tones with any other
required up-link signals, PM modulates the composite signal, and then up-converts it to 70
MHz (nominal). As previously described in the IF Transceiver Section, the 70-MHz LO
from the Up-Link Section is used as a reference in the Doppler error metric in the Down-
Link Processor (DLP) to measure main carrier Doppler. The down-link IF signal from the
vehicle is PM demodulated in the DLP, and the baseband information is presented to the
TRP. The TRP uses a Digital Phase Lock Loop (DPLL), vector processing, and regression
algorithms to generate an accurate measurement of the phase of each tone as well as the
residual Doppler of the tone. Several acquisition aids are used, including FFT analysis, to
quickly lock on to the tones and enable use of narrow loop bandwidths. Tone phase and
Doppler information are presented to the PC via the PCI interface. The system software
then either provides this tone phase information to an outside processor or performs the
required processing to make a range determination. Note that both the vehicle and ground
station propagation delays are accounted for in the range determination. Ground station



calibration is performed on a user-selected interval and requires a loop back of the test
signal through the entire ground station (loop back at the antenna).

* Because of its complexity, PRN ranging will be discussed in another paper.

SUMMARY

L-3 Communications Telemetry & Instrumentation has employed Field Programmable
Gate Arrays and Digital Signal Processing microprocessors to great extent in creating an
advanced PC TT&C SATCOM system. The FPGA/DSP microprocessors impact each
critical subsystem within the TT&CPS, including up-link, down-link, and ranging.
Advantages of the FPGA/DSP microprocessors realized by the system include increased
capability and flexibility over other designs along with unparalleled integration of functions
into a single chassis. Cost-savings are also enjoyed in comparison with other systems,
especially over traditional individual rack-mounted components.

L-3’s TT&CPS, called NETstar™, can be expanded greatly when users take advantage of
the system’s software functionality. The system has complete decommutation capabilities,
full CCSDS processing, data processing power, a wide variety of data displays and
archiving tools, distribution of data to remote sites via a remote access server (RAS),
remote control / setup / status abilities over a network, and interfacing to commanding
software. NETstar can also be made available with PC cards to provide RF up- and down-
conversion at various frequencies.



COMMERCIAL OFF THE SHELF DATA ACQUISITION SYSTEM
FOR THE SPACE SHUTTLE SOLID ROCKET BOOSTER PROGRAM
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Abstract

The space shuttle has been flying for seventeen years and NASA plans to fly it for many
more. To meet the requirement of supporting future flights, NASA has undertaken a
Shuttle Upgrades Program to improve various shuttle components. The avionics on the
solid rocket booster (SRB) is one of the areas being upgraded. To develop avionics
hardware, the environments that they are to encounter during flight must be defined to a
higher degree of fidelity than is currently available. This paper describes the effort to
determine these environments via the use of a commercial off the shelf data acquisition
system
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Introduction

The space shuttle is consists of three major components: the orbiter, the external tank
(ET) and the solid rocket boosters (SRB). The SRB is made up of a segmented solid
rocket motor and booster assemblies (see Figure 1). These components are combined to
form the solid rocket booster flight configuration.

The SRB’s experience severe environments during their brief flight. During the last few
years several SRB’s have sustained noticeable structural damage. To support shuttle
flights in the future, one of the areas on the SRB’s that will require upgrading is the
avionics. The data that define SRB flight environments (vibration, thermal and structure)
will have to refined in order to support the selection and fabrication and of the SRB’s
avionics upgrades.



Figure 1.  The space shuttle solid rocket booster consists of a solid rocket motor and
major subassemblies: the forward assembly and aft assembly. These components
are combined with the orbiter and external tank to form the shuttle flight vehicle.

Previous SRB data acquisition systems did not provide sufficient data to support the
development of new avionics hardware. During the mid-1990’s the SRB Project Office
requested that Marshall Space Flight Center’s (MSFC) Science and Engineering
Directorate (S&E) develop a stand alone data acquisition system that could collect data
from any area of the booster. To minimize the development time and cost, the
development team used state-of-the-art commercial off the shelf (COTS) equipment. This
paper summarizes the effort to develop, test, qualify and fly this data acquisition system
to meet SRB flight and data collection requirements.

System Requirements

In support of the Upgrades Program, MSFC began evaluating options for collecting SRB
data. An existing data acquisition system was evaluated for reuse. However, the cost to
re-fly it was prohibitive, primarily because of the system’s dependence on external
power, and the requirement to run cables through the SRB systems tunnel. The MSFC
Structures and Dynamics (S&D) Laboratory, in association with the MSFC SRB Project
Office, established a set of requirements for a compact, stand alone data acquisition
system:

• Compact, light weight, stand-alone (internal power, data storage, time coding)
• Software-programmable
• Minimum sample rate 100 Hz with a goal of 5 kHz
• Capable of surviving harsh ascent, descent and splashdown environments
• Capable of accommodating multiple data inputs:
• Thermocouples, resistant thermocouple devices (RTDs)
• Heating gauges
• Strain gauges



• Pressure transducers
• Accelerometers.

Development Approach

MSFC performed a study to determine the cost effectiveness of developing and
manufacturing the system in-house as opposed to contracting an outside source. The
study recommended an in-house effort, and predicted a three-year concept-to-flight
development time. The study also recommended taking maximum advantage of
commercial off-the-shelf (COTS) components.

MSFC consulted with its Shuttle Integration contractor, Boeing North American (BNA),
who was in the process of conducting remote data acquisition trials on military and civil
transportation platforms. BNA performed an analysis of available data acquisition
systems. The SoMat Model 2100 Field Computer was selected after passing preliminary
outgassing and functional testing.

The formal program to develop an Enhanced Data Acquisition System (EDAS) was
initiated in February 1997.

EDAS Enclosure

The EDAS enclosure, designed and machined at MSFC, is made of aluminum. . The size
of the enclosure was based on two major considerations: space availability in the SRB aft
skirt (one of the locations the EDAS was originally to be installed) and the size of SoMat
“stack” components. Enclosure weight including the SoMat unit is 13 lbs.

The MSFC (S&D) Laboratory conducted an analysis to determine the optimum enclosure
size. MSFC generated a rapid prototype model of the enclosure and used it for a fit check
on an aft skirt to ensure the enclosure size was accurate.

EDAS Electronics

The SoMat Model 2100 Field Computer consists of a processor, memory board, a
power/communications module, a DC-DC converter, and as many analog transducer
modules (channels) as are required by the user. The EDAS SoMat units contained six
channels each. Figure 2 provides a cutaway view of the SoMat 2100 Field Computer.

To fit the EDAS enclosure, it was necessary to replace the straight SoMat (Lemo)
connectors with 90-degree (Lemo) connectors. MSFC technicians strengthened the 30-
guage wire/connector interface by adding heat-shrink tubing.



The standard SoMat unit uses three 9-volt batteries in series. A DC-DC converter
provides a range of 18-36 volts. The battery configuration provides 3.5 hours of operating
time. The contingencies involved in spaceflight, however, mean that shuttle flight
hardware can be stored for up to six months prior to use. SoMat provides a “sleep mode”
that can be programmed to activate the system at a given date and time. MSFC identified
requirements for a momentary inertial switch. Because of the limited area provided by the
EDAS enclosure, the switch was required to be smaller than any existing product. MSFC
also required that the switch close and complete the power circuit upon experiencing .75
units of gravitational force (Gs) in the x direction only.

Figure 2.  Cutaway diagram of SoMat unit inside enclosure (crosshatched).

EDAS Software

The SoMat unit is software programmable and the software was supplied with the units.
Therefore, MSFC did not develop any software. However, MSFC requested that SoMat
add an arming command feature to its software. On the current configuration, power is
applied to the unit at all times via the internal batteries, and the unit is activated when the
user initiates the start command. With the arming command, the SoMat unit does not
collect data until power is applied. The arming command is now a standard feature of the
Model 2100 software.

EDAS Sensors

All EDAS sensors were procured from commercial sources. The sensors were selected
and installed by MSFC and the SRB prime contractor, USBI, especially for EDAS.



Sensor types and associated measurements are provided below:
• thermocouple - interior air temperature
• platinum resistant thermal device PRT - interior skin temperature
• calorimeter - exterior skin heat flux
• pressure transducer - interior pressure
• accelerometer - vibration
• strain gauge - strain loads.

EDAS Qualification Testing

The MSFC S&D Laboratory performed vibration testing on an EDAS unit to qualify it
for flight. The focus of the testing program was to qualify the enclosure for flight. A few
of the problems that occurred during the qualification testing are described below.

When qualification testing began, plans called for EDAS to be installed in the SRB aft
skirt. The aft skirt impacts the water at splashdown. As a result of qualification
(vibration) testing, the decision was made to install EDAS in the forward skirt, insulating
the unit from the shock of water impact.

 The qualification unit was tested in x, y and z axis for the equivalent of 20 mission
cycles of liftoff, ascent, and water impact vibrations. The magnitude of vibration was
three times the nominal frequencies as currently defined by early 1980s developmental
flight instrumentation (DFI) data. The three-sigma factor of safety is standard for the
space shuttle program. The worst-case vibration applied during testing was 200 Gs,
simulating water impact.

The following problems were encountered and corrected during vibration testing:
1. The captive screws that hold the SoMat modules together backed out, causing

broken bus pins. The problem was corrected by applying Locktite to the screw
threads.

2. The screws on the SoMat memory board also backed out. This condition was
corrected by applying Locktite.

3. Vibration of the SoMat DC-DC converter (supplied by Datel) caused the
connectors between the converter and the circuit board to break. SoMat uses two
vendors for DC-DC converters. SoMat provided a unit with a converter supplied
by Calex. The Calex unit passed all vibration testing.

4. SoMat DC-DC converter modules, jumpers and fuses backed off, causing loss of
power. This problem was corrected by bonding them with a silicon-based adhesive.

5. The 3.5-volt lithium battery on the SoMat power/com module became detached.
The problem was corrected by bonding the battery to the printed circuit board with
a silicon-based adhesive.



6. During its first vibration test, the internal components of the prototype G-switch
were forced out through the potting material located at the opening used during
switch assembly to insert the wiring. This problem was corrected by drilling a hole
through the side of the switch housing, and inserting a pin to further prevent
movement of the switch wiring.

EDAS Configuration/Operation

EDAS consists of a SoMat Model 2100 Field Computer, enclosure, G-switch, relay,
internal cables and connectors, and a 55-pin J-1 connector. See Figure 3 for an EDAS
block diagram.

An original goal of the EDAS program was to achieve a sample rate of 5 HKz. The
SoMat unit provided a sample rate of 1500 sample per second.

Figure 3.  EDAS block diagram

A laptop computer was used to program and calibrate the EDAS prior to flight and to
download data from the EDAS after flight. SoMat software provided the interface
between the EDAS and the laptop computer. The software is used to calibrate/configure
the SoMat unit. Each channel is calibrated separately.

MSFC developed an EDAS unit tester to provide the capability to functionally test an
EDAS unit. The unit tester can be operated on either internal, 27-volt battery power, or
external DC power. The unit tester provides a jumper mode to allow the switching of an
EDAS between internal or external power. This allows the calibration of an EDAS unit
without using the EDAS internal (battery) power. Using the unit tester power source or
the EDAS batteries, the unit tester simulates the EDAS code plug, tripping the circuit
between the g-switch and the relay. This activates the g-switch to allow for functional
testing of the EDAS unit.



EDAS Installation

United Space Alliance (USA), the shuttle processing contractor at Kennedy Space
Center, installs, calibrates and arms the EDAS units inside the SRB forward skirt. Each
EDAS unit is mounted to the SRB structure by four bolts, one of which serves as ground.
USBI installs the sensors and cables linking the sensors to the EDAS units.

Prior to the closing of the forward skirt doors, the code plug (jumper wire) is installed,
completing the circuit between the G-switch and the latching circuit. The EDAS units can
then sit until the shuttle vehicle is ready for flight.

EDAS First Flight

Four EDAS units were installed in the forward skirt on the right hand booster for shuttle
mission STS-91. The launch occurred on June 2, 1998. The mission ended with the
orbiter landing at Kennedy Space Center on June 12.

Data were collected on 21 of the 24 EDAS channels. The two accelerometers each
required a filter module. One strain gauge malfunctioned during calibration during flight
processing at KSC. The decision was made to proceed without the sensor.

After SRB recovery and upon post flight inspection, USBI technicians noted no damage
to or displacement of the EDAS units. USBI removed the EDAS units and provided them
to the MSFC team for inspection, data download and refurbishment.
Close inspection by EDAS technicians also revealed no physical damage to the EDAS
units. After downloading the data, it was concluded that all required data was captured
and recorded with no anomalies.

Figure 4 shows a nominal shuttle mission profile, and the major events of interest to
MSFC SRB engineers: liftoff, ascent, SRB separation, SRB descent, main parachute
deployment, and splashdown (water impact). Sample plots of interior air temperature,
exterior skin heat flux, and vibration data as recorded by individual EDAS channels are
provided and correlated to the ascent/descent profile.



Figure 4.  EDAS STS-91 interior temperature, exterior skin heat flux, and vehicle vibration data
correlated to a nominal shuttle ascent/descent profile.

EDAS Second Flight

Mission STS-95 (October 1998) flew the same four-EDAS configuration as STS-91,
collecting forward skirt temperature, pressure, vibration, and strain data. One SRB EDAS
box failed to receive data because the EDAS internal lithium battery failed. All other data
was acquired and downloaded with no anomalies.

The success of the EDAS units during STS-91 had resulted in the External Tank (ET)
Project requesting that the system be configured to collect ET thrust panel data. The ET
Project is seeking to identify when and why thrust panel thermal protection system
(insulation) comes loose during ascent. For mission STS-95, a single EDAS unit
successfully collected ET thrust panel vibration data.

The EDAS units showed no sign of damage or displacement.



EDAS Third Flight

To support ET measurement requirements, MSFC procured a new CPU board from
SoMat. This new board along with a software upgrade allows the EDAS to sample six
channels at 3000 samples per second. Six EDAS units will support mission STS-96,
scheduled for a May launch. Three units will collect SRB forward skirt temperature,
pressure, vibration, and strain data. The other three EDAS boxes will collect temperature,
acceleration and vibration data on the ET thrust panel to support the TPS anomaly
investigation.

EDAS Fourth Flight

Mission STS-93, scheduled for launch in July, will feature nine EDAS units, five on the
left-hand and four on the right-hand booster. One box per booster will be dedicated to
ET, collecting thrust panel temperature and vibration data.

Future Applications

The current EDAS configuration is scheduled to fly on future shuttle missions. For
scheduled September and October flights, an EDAS unit will be dedicated to measuring
SRB frustum internal pressure. The Reusable Solid Rocket Motor (RSRM) Program has
requested to use an EDAS to support the development and verification of a new pressure
transducer selected to replace older technology. The RSRM Project has also requested
that the EDAS be activated five minutes prior to launch to allow time for the pressure
transducers to warm up. RSRM has also requested that EDAS have the capability to be
turned off in case of a launch scrub, thereby saving EDAS battery power. The EDAS
configuration will be modified to eliminate the g-switch. The EDAS circuitry will also be
modified to accept commands from the RSRM internal electronics assembly (IEA),
which will issue the EDAS on/off commands. All EDAS units will probably be modified
according to this configuration. For the long term, EDAS holds the potential for use as
part of an onboard, real-time vehicle health monitoring system.
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DEVELOPMENT OF PC-BASED SPACECRAFT SIMULATOR FOR
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ABSTRACT

Spacecraft communication simulators are extremely useful for integration and testing of
spacecraft control centers and supporting ground systems. To reduce development costs,
a Windows NT PC-based simulation system is being developed to support testing for
upcoming NASA missions. The spacecraft simulation suite of tools integrates modules
within a core infrastructure and is customized to meet mission unique specifications not
met by the baseline system.
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INTRODUCTION

Spacecraft communication simulators and test tools have long played an important role in
pre-launch test support for NASA missions. Spacecraft simulators are routinely used
during development of control centers, integration and test of ground system elements,
ground system readiness verification, end-to-end testing, and flight operations team test
and training activities.

Today, NASA budgets are shrinking and competition among projects for limited funding
dictates the need to develop ways to do more, at less cost, in a shorter time. The NASA
community has been challenged by NASA Administrator Dan Goldin to build systems,
develop approaches, and work “Better, Faster, Cheaper” than in the past.

This challenge applies to developing spacecraft simulators as well. Success in this
environment will require a new generation of lower cost, higher quality spacecraft
simulators and test tools. Advances in both hardware systems and software
methodologies provide the opportunity to make this happen.

Typically, spacecraft simulators have been developed on a mission-by-mission basis
because of the many differences among spacecraft manufacturers’ designs. The ultimate



goal of a purely generic or universal spacecraft simulator is reasonable but will not be
easily attained until spacecraft architectures and data communication protocols become
more standardized. Until then, a short-term goal is to develop a framework and a core
system that requires minimal rework for subsequent missions with similar requirements.

Mass-market, personal computers (PCs) can now provide computing speed and near-real-
time responsiveness sufficient for spacecraft and ground system simulations. A PC
platform with Windows NT or Linux operating systems provides a basis for development
and operations at a fraction of the cost of previous systems. Even equipped with
specialized communications and timing boards, a PC costs only about $5K to $10K; the
previous VME systems used as the standard simulator platform in the Goddard Space
Flight Center (GSFC) Simulations Center of Excellence (SCE) have a base system cost of
$50K to $60K.

In addition, software methodology advances, particularly in the object-oriented domain,
facilitate development of modular, scalable systems with even greater levels of reuse than
have been demonstrated in the past. Moreover, integrated development environments and
design and development tools aid in code generation and general software support to
increase productivity gains further.

This paper describes a new generation of spacecraft communications simulators being
developed at the GSFC in Greenbelt, Maryland, to reduce long-term development costs
and meet NASA’s needs now and into the next millennium. The paper focuses
specifically on the simulators being developed for the Earth Observing System (EOS)
project and briefly addresses the approach taken to develop the new simulator system.

BACKGROUND

The SCE has evolved from more than 20 years of experience developing spacecraft
simulators and other real-time communications test tools to test NASA ground systems
for numerous missions at GSFC and other NASA centers. The SCE has a long history of
producing small, relatively inexpensive systems quickly, from the system used in the
1983 NASA Tracking Data and Relay Satellite (TDRS) rescue to the QuikSCAT
simulator recently developed in less than 1 month. The SCE has developed complex
systems as well, such as the high-fidelity Landsat-7 spacecraft simulator and a whole
range of test tools that support the Hubble Space Telescope and its control center.

Simulators mean different things to different users. The SCE spacecraft simulators accept
and respond to commands, generating telemetry realistic enough for test purposes to
convince the ground systems and the flight operations team (FOT) that they are
communicating with a satellite in space. SCE systems simulate satellite telemetry from
space, before the real spacecraft is launched, to allow control center development and



testing, ground system testing, and FOT training and procedure validation during
spacecraft construction. Spacecraft simulators also allow users to create anomalous
conditions, which are useful for training and would be too dangerous to test using the real
spacecraft. The simulators usually reside in the control centers or in simulations and test
facilities. Portable systems are taken to NASA tracking stations and launch sites to
support remote communications testing.

Simulator fidelity can be low, medium, or high:

• A low-fidelity simulator provides basic command receipt and telemetry
transmission capabilities, with mostly static telemetry data and limited command
responses. A project database (PDB) is not used.

• A medium-fidelity simulator uses the PDB as its basis for command responses and
telemetry generation. A low-end system does little more, whereas a high-end
system adds models of internal spacecraft subsystems to provide additional
command responses and telemetry values.

• A high-fidelity simulator has command handling, telemetry generation, and
modeling capabilities that are largely based on spacecraft functionality rather than
generic simulation functionality. Telemetry is heavily populated, and almost all
command responses, both direct and indirect, are generated.

The low- to medium-fidelity simulators are the most common, which usually reflects the
limited funding typically available for test tools. These simulators are generally used for
control center and ground system test support. The medium- to high-fidelity range
simulators provide all the basic capabilities as well as a good approximation of the
spacecraft; they are used for FOT training.

Code reuse and building upon a core, baseline system is not a new concept. Within a
similar architecture and class of simulators, SCE reuse has historically averaged 70 to 80
percent. During the SCE's existence, spacecraft simulator architectures have evolved
through several distinct generations. The SCE used to write operating systems and
programs in assembly language, which ran on 32K Rolm 1602 and Data General
computers. The SCE's most recent generation of simulators ran on VME platforms under
the PDOS and Unix operating systems and were written in C. One of the last simulators
developed within this class was for the Earth Observing System (EOS) AM-1 spacecraft,
currently scheduled for launch in August 1999.

The time has come for a platform and architecture migration. The next generation of
simulators, which the SCE calls the Scalable, Integrated, Multimission Simulation Suite
(SIMSS), builds on SCE expertise and exploits advances in hardware and software



technologies to reduce development costs. The first simulator being built using this next
generation SIMSS architecture is for the EOS PM-1 satellite; it is referred to as
SIMSS/PM.

EOS SPACECRAFT SIMULATORS

The EOS project is an ambitious one. Its mission life is expected to stretch 15 to 20 years,
with a series of spacecraft all intended to measure various indicators of global climate
change. The first spacecraft, EOS AM-1, was to have launched in June 1998; however,
problems with the control center, ground system, spacecraft, and most recently the launch
vehicle have caused several slips.

The first release of the EOS AM-1 simulator, called the Multimode Portable Simulator
(MPS), was delivered in December 1996; six more releases, with incremental
capabilities, have been delivered since then. The sixth release was in January 1999. The
MPS is considered a medium-fidelity simulator. It simulates the low rate, non-science
telemetry data formats, and receives and validates commands from the control center. It
uses the AM-1 project-supplied database for telemetry generation and command
validation. It was primarily used as a test tool for the development of the EOS control
center (EOC). It was also used as a data source for testing the interface with the EOS
Data and Operation System (EDOS), which serves as the EOS data capture and
processing facility, as well as for testing and trouble shooting with the EOS ground
system and communications network.

The MPS is actually two simulators in one, hence the multimode reference in its name.
The MPS supports both serial clock and data and Internet Protocol (IP) interfaces for
command and telemetry data. As shown in Figure 1, it simulates the spacecraft serial data
formats to and from EDOS. It also simulates some EDOS functions and supports the IP
data formats across the EDOS - EOC interface, which involves data reformatting and
additional headers.

Figure 1.  MPS:  Two Simulators in One
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The MPS uses a client-server architecture. The user interface resides on a Unix-based
processor and was created new for this application. The simulator engine runs on a
MVME 68030 processor under the PDOS operating system and was built on heritage
systems developed for previous simulators used on the XTE and TRMM spacecraft
projects. The cost of the hardware, operating system, and development environment was
$90K per unit, exclusive of developing the actual software. The application, which is
about 60,000 lines of code, is written in C.

Besides having expensive hardware, the basic system was neither easily scalable nor
extensible. The start-up procedure for the two processors and associated input/output
(I/O) cards was cumbersome and prone to synchronization problems when the system
was used remotely and not shut down properly. The target VME platform served a single
purpose—hosting the simulator. Furthermore, the software development environment
was very limited with primitive tools. Developers pulled code from existing simulators
and made changes for the AM-1 spacecraft. Years of inheriting and then modifying code
from predecessors had produced inefficiencies in the software. No commercial, off-the-
shelf (COTS) products were used in the application, and the real-time operating system
was specialized and lacked common features of the more mainstream systems.

Despite the less than hospitable hardware and software environment, the MPS had many
successes. It was used to help ready the EOC for the first compatibility tests of the
ground system with the spacecraft. It was instrumental in identifying commanding
problems to the spacecraft and through the ground network. The EOS integration and test
team used the MPS extensively to test the EOC and conduct a series of ground system
test cases, and the MPS was frequently credited for helping to identify problems and then
verify their resolution. In succession, there were three control centers. The MPS was
developed with the first EOC, and then was in place for the two follow-on systems. The
MPS proved to be a robust test tool for development and test, and its availability
contributed significantly to the rapid integration of the two later, mostly COTS-based
control center alternatives.

On the strength of the successful simulator for AM-1, the development team was
requested to build additional simulators for PM-1, due to launch in December 2000, and
CHEM-1, due to launch in June 2002. Lessons learned from the MPS/AM-1 experience
include the following:

• If the MPS had been cheaper, users would have had more units.
• A simpler architecture would have created fewer operational problems for the

many casual users, especially when the system was used remotely.
• Users need more automation to assist in repeatability of tests.
• Users need more dynamic data.
• MPS developers and users need better test tools for troubleshooting.



• The system must capture and log all data, not just good data, needed for problem
identification.

• Building in flexibility allows the simulator to be used for "what-if" exercises.

The SCE will apply this experience and insight to build the next simulator for the PM-1
project, the first one targeted for the new SIMSS architecture. The goal is to produce an
operational system within a short timeframe at significantly reduced cost and, eventually,
to produce the metrics to substantiate that claim.

EVOLUTION OF NEXT GENERATION SIMULATOR

The idea for the next generation of spacecraft simulators was formulated in a white paper
produced by several staff members of the SCE in January 1998. The simulator
development approach goals were to

• Reduce hardware costs
• Increase software development productivity
• Reduce development time
• Allow ease of COTS/GOTS integration where appropriate
• Develop a framework to support a component-based system and build a library of

core capabilities that are extended where necessary to meet customer requirements
• Reduce test time with new module integration

A working group held a series of technical interchange meetings to evaluate several
candidate platforms and operating systems. They recommended that the first target
platform be a PC running Windows NT. The group derived a set of requirements for the
simulator and began working on high-level designs for the user interface and simulator
processor.

The new concept was proposed to the EOS project as a candidate architecture for the PM-
1 simulator in November 1998, and the development team subsequently began working
on a proof-of-concept prototype to determine whether the NT operating system could
support basic simulator requirements. The prototype, which was demonstrated to the EOS
project in February 1999, was intended as a throwaway; in actuality, it was enhanced and
became an AM-1 portable simulator. It did successfully show that a low-cost Windows
NT PC could be used for anticipated simulation and test capabilities.

The migration to a new platform, architecture, and development paradigm presented
several challenges. This was a major initiative of the SCE and new personnel with the
needed NT, C++, and Java skills had been hired to round out the development team.
Experienced simulator developers without the object-oriented design and language skills
were paired with ones who had the technology skills but not the simulator background.



The development team received 2 weeks of training in object-oriented analysis and
design techniques and C++ programming. Although some work on the baseline system
had been done, work on the new simulator started in earnest in mid-March. A rapid
application development approach was used, yet most in the group had never done this
before. Two consultants from elsewhere within CSC were brought in to help adapt the
methodology to the particular needs of the team. The results were astounding.

For two months there were twice weekly team meetings to discuss use cases, class
diagrams, sequence diagrams, client- and server-side designs, message formats and types,
graphical user interface (GUI) issues, coding standards, COTS product limitations, design
and code reviews, and a number of other topics. On reflection, it seems disjointed;
although, this was what the consultants told the team to expect. Out of this creative,
sometimes chaotic, and spirited environment, and always under the watchful eye and
guided direction of a talented system architect, the new concept and design for the next
generation simulation system was turned from vision to reality. The first release was
delivered in July.

The next generation simulation system has a dramatically different look and feel to the
SCE simulators of the past – one ready to launch into the next millennium. As noted
previously, this baseline system is called the Scalable, Integrated, Multimission
Simulation Suite (SIMSS).

HARDWARE ARCHITECTURE

SIMSS runs on a standard Intel-based PC. The current target system is a Pentium III, 450
MHz processor with 512 K cache and 128 MB SDRAM. A commercial timing card
provides an external clock source. An Ethernet card provides network communication
capability and supports single or multiple LAN communication network interfaces. The
system supports Industry Standard Architecture (ISA) and Peripheral Component
Interconnection (PCI) buses. It is designed with extreme portability, remote connection
capability, and cost-effectiveness in mind. Portable units are available for transport to
ground stations and launch sites. Costs of both versions are comparable and are about
$5,000. per unit for systems not requiring serial interface cards. Commercial serial data
cards range in cost from $500 to $3,500. per card depending on the card functionality.
Using the industry-standard PC platform makes a wider variety of COTS peripherals
possible than ever before.

Windows NT 4.0 is the present operating system. It is a multi-threaded, preemptible
operating system with performance sufficient to provide spacecraft simulation with near
real time response. The network layer of the NT 4.0 operating system has proven to be
reliable network software for the immediate application. It supports standard network
protocols including TCP/IP, UDP/IP, and multicasting.



SIMSS SOFTWARE ARCHITECTURE

SIMSS is a module-based system. SIMSS provides an infrastructure to support all
modules and provides the lower-level libraries and inter-module communication used by
all modules. The primary module is the spacecraft simulator component (SIMSS/SC). All
other modules are collectively referred to as network test tool modules (SIMSS/NeTT).

A client and server architecture is used. The GUI client is written in Java for cross
platform compatibility. The client communicates with the server, which performs the
actual simulation functions. The simulator and other server side components are written
in C++ using a modular, object-oriented design. Anticipated reuse is predicated on the
modularity and making the simulator data-driven as much as possible, using the contents
of the project database to drive the simulation rather than custom code.

From the users’ perspective, as seen in Figure 2, the SIMSS concept represents a set of
modules that can be arranged in a graphical layout on the display. The user connects the
modules to form a path that the data will follow, thus providing a flexible, viewable, and
easily configurable system to meet a variety of simulation and testing needs. From the
developers’ perspective, as seen in Figure 3, the concept is one of developing generic
functions in the core system and putting the mission-specific extensions outside of the
core. Use of databases and user-provided configuration files minimize code changes for
each new project.

Figure 2.  Sample Arrangement of SIMSS Modules
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Figure 3.  Internal Building Block Structure of Core and Mission-Specific SIMSS
Components

Major functions are allocated to separate modules. The spacecraft (S/C) simulator module
contains generic and mission-specific code. It generates telemetry, ingests and validates
commands, uses the PDB if available, and supports mission-required simulation features,
such as memory loads and dumps, stored command simulation, solid state recorder
simulation, or other subsystem simulation.

The Ground Station (GS) module reformats data. In the EOS ground system, EDOS
extracts commands from data blocks transmitted in User Datagram Protocol (UDP)/IP
from the control center, and serializes the data for transfer and uplink to the spacecraft.
For return link, EDOS receives serial clock and data, assembles data packets, quality
checks the data, appends a header, and sends the data via UDP/IP to the control center. It
also extracts the command link control word (CLCW) from telemetry and sends it as a
separate packet to the control center in support of the CCSDS command verification
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The other network test tool modules perform a variety of specialized functions. The log
module can be inserted anywhere to write received data to a log file for later playback or
analysis. Data logging is done on a per stream basis.

The data quality monitor (DQM) module is used to check the validity of selected header
fields in received data. The module also counts number of received data units. This
module is currently limited in functionality but will be enhanced to detect sequence
counter discontinuities, flag erroneous data, and filter data on identification fields for
logging or transfer, for example.

The command generator module is a generalized test function that creates and transmits
spacecraft commands to the simulator for internal testing. This is a useful feature for
simulator developers to verify the command handling of the simulator prior to its use
with the control center.

BENEFITS OF SIMSS CONCEPT

Just the hardware cost savings going from the VME to PC is a significant benefit. Based
on the reduced cost of the hardware platform alone, it will be possible for users to have
multiple units available on site and to locate them at both development and operations
facilities. Several copies of the simulator could be provided to control center software
developers much earlier in the development life cycle where detection and correction of
software errors is most cost effective. Meanwhile, FOT members could do their own
testing in the operations environment, also possibly using multiple simulators. For EOS
AM-1, there could have been 12 SIMSS/AM-type PC units for the hardware cost alone of
one MPS VME-based unit.

The current PC costing trend should continue resulting in increased performance at lower
hardware costs. There are also many more powerful and affordable peripheral devices
such as writable CD-ROMs and zip drives available with PCs. Another benefit of the
standard PC platform over the VME counterpart is that the PC is multipurpose. It can be
used for other support tasks such as word processing or web browsing needed in
everyday operations.

Good development tools are available for the Windows NT PC environment. Visual
C/C++ is the key tool in use for server-side software. It supports object-oriented
development and rich main stream API calls. It also supports Dynamic Link Library
capabilities, which allow for object loading and unloading while running without
modification to the main server program. Objects can be independent of the baseline
software, so that mission-specific objects can be designed and modified without requiring
changes to the core, baseline system. Visual Café is used for developing the Java GUI



client. Design and configuration management tools also have resulted in additional
productivity gains.

Once the baseline SIMSS is fully in place, significant reductions in development time
will be possible. This modular system can be added to and changed easily by recompiling
and reconfiguring only those modules that need to be customized. In addition, users will
be able to tailor configurations to suit their needs and more easily interface with other
equipment. Time saving benefits have already been realized for other follow-on projects
that were able to build upon the existing library of reusable components. And this will
only grow over time. For future missions, a project would define its mission-specific
requirements and configuration. These requirements can then be used as a basis for
adapting the generic modular system to support the mission requirements, in effect
“plugging in” the specific requirements into the system. For the EOS project, the same
spacecraft manufacturer is building both the PM-1 and CHEM-1 satellites. Extremely
high code reuse and cost savings are anticipated for the follow-on CHEM simulator
development effort.

Once established, the goal for this new baseline will be to allow a small team to produce
a low-fidelity spacecraft simulator in a matter or weeks to months, a medium-fidelity
spacecraft simulator in less than a year, or a high-fidelity spacecraft simulator that models
the spacecraft as closely as is needed. The baseline system also provides for an
assortment of integrated communications test tools that can be used to check out various
ground system elements or to translate or convert spacecraft communications data from
one format to another.

FUTURE ENHANCEMENTS

Much of the core SIMSS infrastructure has been developed. Initial PM-1 telemetry and
commanding data formats are supported. Several more SIMSS/PM-1 releases have been
planned with project personnel and simulator users based on ground system development
schedules and priorities. Examples of capabilities targeted for future SIMSS/PM-1
releases include: playback and interleaving of user-provided data files; scenarios files that
provide a powerful scripting feature to support variable data generation and automated
test execution; model generators to simulate more realistic data; and expanded error
insertion.

A goal is to integrate SIMSS with commercially available and government developed
control centers. Just as the control centers contain generic features to support a wide
range of missions with minimal customization, so too is the intent for SIMSS. SIMSS
could be a valuable tool for ground system integration and testing for a variety of
spacecraft supported by the COTS/GOTS control centers.



In addition, numerous other enhancements are planned for the core SIMSS system.
SIMSS will be ported to the Linux operating system to provide a PC system for operation
in Unix-based environments. Additional efforts will be taken to use COTS libraries to
eliminate platform dependencies. Also under investigation are distributed object
enhancements including CORBA and DCOM, and ways to incorporate the Defense
Modeling and Simulation Office’s High Level Architecture (HLA).

CONCLUSION

Significant strides have been made towards reaching each of the simulator development
goals established at the onset on this project. There have been substantial reductions in
hardware costs. Software developer productivity, experience with state-of-the-practice
skills, and morale have all improved. COTS products and new technology have been
integrated where appropriate; others are being evaluated for later infusion. The
framework is nearly constructed and the library of reusable modules will continue to
grow. There is every indication that development time will decrease once the baseline
system is complete. Users will be able to opt for lower costs or enhanced capabilities
when compared with the SCE systems of the past.
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A LABVIEW-BASED CHANNEL ERROR SIMULATOR

Stephen Horan
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ABSTRACT

A PC-based space channel error simulator that includes differing forward and return data
links, independent statistical characterization of the data links, and link propagation delay
has been developed. The LabVIEW programming language has been used to configure
this containing all of the error generation and processing in software. The simulator is
used for testing networking protocols in a simulated space channel environment and can
be used for other types of channels as well. This paper describes the design goals,
hardware configuration, software, and testing of the simulator. This technique allows for
rapid development and validation of the simulator.
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INTRODUCTION

There exists a need for designers and developers of many types of systems to have a
methods for conveniently testing a variety of communications parameters for an overall
system design. This is no different when testing network protocols as when testing
modulation formats. In this paper, a means of providing a networking test device
specifically designed to be used for space communications is discussed. The need for
such a test configuration has grown out of the desire to reduce the risk of using new
protocols on space missions where easy change-out of non-working components cannot
be readily accomplished. This is coupled with the desire in the space communications
community to extend Internet networking concepts to the satellite itself thereby making it
necessary to have a simulation environment where the networking protocols can
experience the types of delays and errors as would be found in a real space channel. The
test environment reported on here is a PC-based Virtual Instrument (VI) programmed
using the LabVIEW™ version 5 [1] software suite developed by National Instruments™.
This instrument was designed to be portable and usable by others without special,
additional equipment. The programming was designed to replace a VME-based hardware
module developed earlier at New Mexico State University (NMSU) [2] and to provide
expanded capabilities exceeding the baseline configuration existing in that module. This



module allowed for only one direction of data flow and was difficult to use and maintain
due to being in a wire-wrapped development board. In this configuration, modifications
and expansions were difficult to make. When the hardware recently failed, we decided to
recast the simulator in a new configuration. In this paper, we will examine the design
goals for this Space-to-Ground Link Simulator (SGLS), the PC host configuration for the
simulator, the selection of the programming language, and the virtual instrumentation
modules for the simulator components. The test and validation methodology for the
software will also be presented.

SIMULATOR DESIGN GOALS

The design of the simulator for modeling satellite channel error scenarios was based on
the following goals to replicate the statistical and delay characteristics of a satellite
channel:

a. Allow for simultaneous bi-directional data flow across forward and return data
channels;

b. Allow independent, user-selectable error rates and statistical descriptions for both
channels;

c. Allow time-variable error rates over several minutes as would be found in a
satellite pass;

d. Allow different data rates on the forward and return channels as would be found in
satellite links, e.g. 2400 baud forward and 115200 baud return;

e. Provide for a simulated delay as typically found in satellite channels with delay
values programmable up to 5 seconds each on the forward and return links.

At this time, all goals have been developed except for the time-variable error rate
capability that is in development.

While most satellite links consist of one or two hops of ¼-second delay, NASA is
interested in communications with spacecraft as far away as the L1 orbital position of the
proposed Triana satellite which corresponds to a 10-second round-trip delay.

By using a PC-based configuration and not a generic networking simulator package, we
believe the VI configuration to allow for several advantages, including:

a. Allowing tests on actual data streams with operating system and protocol
interactions included in the testing and not simulations of those data streams;

b. Providing portability so that all or parts of the simulator might be placed in a
laptop PC with appropriate interface cables;

c. Can be configured to work with multiple networking and communications
technologies (RS-232, RS-422, Ethernet, etc.).



The SGLS simulations are designed to be conducted at baseband and not include any
direct effects of link modulation. This is done for two reasons. Firstly, it allows for
simulating network channels other than modulated channels so it can be used in
applications other than space channels. Secondly, we are really interested in testing the
performance of the networking protocols over the channel and the modulation provides
an additional layer of complexity to the simulation environment without providing more
accurate results when looking at protocol performance. If there are modulation losses in
the system, then the bit error rate and statistical descriptions of the link can be adjusted to
match the expected performance without explicitly modulating the data.

SELECTION OF VIRTUAL INSTRUMENT PROGRAMMING LANGUAGE

The original NMSU channel simulator was difficult to maintain and was entirely written
in the C programming language. When the module was redesigned, a new programming
platform was considered as part of the process. The decision was made to configure a
Virtual Instrument using the LabVIEW programming architecture. LabVIEW was chosen
for the following reasons:

a. the programming language is available on PC, Macintosh, and UNIX platforms;
b. the programming language is object-oriented and allows for modular code

development;
c. the programming language provides for convenient access to PC communications

ports (RS-232 and Ethernet) for data flow through the modules which is especially
helpful in a Windows-based environment.

LabVIEW is a graphical programming language that is data driven and not strictly
sequence driven (it only operates on data as it becomes available). Additionally,
LabVIEW manages all memory and I/O functions that normally the high-level language
programmer would need to manage through programs and drivers. The selection of
LabVIEW allowed the simulator to be completely reconfigured and enhanced in a
manner of a few months. This was considerably faster than the original development
cycle that included C program development and wire-wrap board development.

SIMULATOR HARDWARE CONFIGURATION

The Space-to-Ground Link Simulator is configured on three PC platforms as illustrated in
Figure 1. All three computers are running Windows 95 and host separate LabVIEW
programs to perform a specific instrumentation function of the overall SGLS. The
primary PC is the one physically located in the middle of the configuration in Figure 1.
This computer performs the channel error generation function for the forward and return
links. The error generation technique allows for independent error rates on the forward
and return links being simulated. This PC is directly connected to the two PCs labeled
“rate change” using two RS-232 ports in each of the forward and return directions (four



total) to provide independent data flow in the forward and return directions. These two
PCs have two functions: provide the forward and return link propagation delays and
provide the splitting and merging of the independent data channels for the source and
destination computers. To provide forward and return links at different data rates over
RS-232 links, the source and destination computers need to interface with a common link
rate at each end. This link rate is then split inside the rate-change PCs by routing the
forward and return links to separate RS-232 ports with the desired data rates. In practice,
the highest desired link rate is used as the interface rate to the source and destination
computers and all along the forward or return link requiring it (usually it is the return
link). The other link is then set for the lower rate and run at that rate inside the SGLS.

Figure 1 - SGLS Computer Configuration

Finally, the source and destination computers in Figure 1 provide the end points for the
data transport for the protocols under test. In this case, these computers are PCs running
Red Hat Linux version 5.2. These computers interface with the rate-change PCs over an
RS-232 link as well. These computers have test data files of length 1 KB, 10 KB, 100
KB, and 1000 KB that are used in the networking throughput tests. The Linux operating
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SIMULATOR SOFTWARE CONFIGURATION

The SGLS simulator software was built around standard LabVIEW functions configured
to perform specific functions in each of the simulator PCs. The error-generator PC
program is illustrated in Figure 2. The basic flow of the program is to

a. at startup, prompt the user for the files containing the statistical error distributions
for the forward and return data links;

b. at startup, configure the computer serial ports based on user input for the data rate
and port number;

c. in a While Loop, the program checks both the forward and return link ports for
available data and if there are data, it performs a byte-wise Exclusive Or of the
appropriate error vector with the data stream;

d. the While Loop step is repeated as quickly as the PC will allow until the user
terminates the program.

Figure 2 - Error Generation Program



The channel error generation process can be modeled as a two-input Exclusive-Or gate.
The first input is the transmitted data stream. The second input is vector of random 0s and
1s drawn from the appropriate statistical distribution describing the channel. The output
is the original data stream modified by a random pattern of bit errors. At every bit
location where a data bit is Exclusive Ored with a logic 0 from the error vector, the data
bit is unchanged. However, at every location where a data bit is Exclusive Ored with a
logic 1 from the error vector, the data bit is complemented [3]. To properly model a
channel, the user needs the statistical description of the channel error generation
mechanism. A typical channel error statistical description is Additive White Gaussian
Noise (AWGN) where the errors are described by a Gaussian random process
parameterized by the link Energy-per-bit-to-Noise-density ratio (Eb/No) [4]. Previous
work at NMSU [5] resulted in the generation of a computer program where the user could
specify an Eb/No value, the number of bit errors to be generated in the error vector, and
the type of statistics to be used. The program would produce a vector meeting this
specification and save it in a file. The vector would be all 0s except for a 1 at the
locations where the bit errors are to occur. The 1s would be distributed over the vector
according to the statistics specified by the user. The program was designed to develop
vectors for AWGN, radio frequency interference, and mixed noise-and-interference
environments. Modifying the program will allow other statistical distributions to be
generated. For all of the testing done to date, the AWGN statistical model was used. In
the LabVIEW program, the error vector is of finite length and generated before running
the tests. The length of the error vectors is limited only by the available computer
memory. When the vector has been used once, the index on the vector is reset and the
error pattern is restarted at the beginning. For this reason, all error vectors have at least
ten error positions in them. Error vectors covering Eb/No from 0 dB through 11 dB were
generated allowing statistical distributions down to a BER of 10-6 to be tested.

The rate splitting and merging programs have similar modes of operation and their
graphical programs are illustrated in Figures 3 and 4. Each program is based on a loop
running as quickly at the PC will allow. During each pass through the loop, the data ports
are checked for data availability. If data are present on either the forward or return link,
they are read into the module at the input data rate. The module in Figure 3 allows for
propagation delay on the forward link while the module in Figure 4 allows for
propagation delay on the return link. In both modules, the other link is not delayed.
During the delay processing, the time and number of bytes just read from the input port
are stored in arrays. The data is concatenated to end of an array containing previously
read data. During every loop iteration, the current time is checked against the time of the
oldest data block. If the delay has passed, the number of bytes of data that had been
stored are removed from the data array. The non-delayed data and any available delayed
data are then routed to the appropriate port with its corresponding data rate. The input and
output data rates can be different to allow for different forward and return link rates.



Figure 4 - Program to delay the return link and provide forward and return
rate splitting

Figure 3 - Program to delay the forward link and provide forward and return
rate splitting



TESTING AND VALIDATION

As module development proceeded, each new feature was tested prior to using it with
networking testing. The bulk of these tests included sending data files from a source to a
destination computer and verifying correct operation via such means as

a. displaying processing results to the PC screen to compare with hand calculations
b. using debug displays to trace program execution at each step and verify correct

operation and indexing through arrays
c. verifying execution timing does not change throughput results when compared

with the source and destination computers communicating over a dedicated RS-
232 link without the SGLS simulator in the path

A typical result for an ftp test is given in Figure 5 where the file transfer times for a
number of file sizes are compared when transmitted through the SGLS with a zero-error
vector and when transmitted with a dedicated RS-232 link. For each file size, a total of
ten transmissions were made with the error generation portion of the SGLS in the
transmission loop and ten transmissions without the error generation portion of the SGLS
in the loop. The differences between the tests are of the same size as the

Figure 5 - File transfer times when using the SGLS error module and a
null modem cable
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statistical variations within the test runs. From this, we conclude that the SGLS is not
making a significant change in the timing or operation of the protocols.

SIMULATOR USAGE

Typical usage of this simulator at NMSU has been to test TCP/IP and SCPS-FP
networking protocols for space-to-ground usage. This includes measurements of
throughput as a function of link bit error rate and channel data rate. A companion paper
in these Proceedings [8] describes this effort. The full details can be found in [6] and [7].
Other uses of the channel error simulator can be developed as long as a statistical model
of the channel characteristics and the required data rate can be provided. The simulator is
independent of data modulation type since it operates at baseband so any performance
loss due to the modulator/demodulator characteristics would need to be included in the
channel statistical characterization.

CONCLUSIONS

The use of a virtual instrumentation programming language such as LabVIEW has
allowed the rapid development, enhancement, and use of a satellite channel error
simulator. With this system, it has only take a few months to go from knowing nothing
about the programming language to having a functional, basic simulator operating.
Enhancements have been added with relative ease compared with the development cycle
needed for the original VME module. Because it is based on a PC-class computer
platform, the cost of developing and operating the instrument has been kept to a
reasonable level. The system has the potential of being made portable for use in remote
applications and can be done so now if only the channel error simulation is needed and
not the rate splitting or delay capabilities. The system is also able to work with other
communications protocols other than the RS-232 used here so that the basic simulator
can be easily modified for use in other environments. The statistics of the channel model
are pre-computed and can be varied to include models other than AWGN by changing an
external program.
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COMPARISON OF FILE TRANSFER USING SCPS FP AND TCP/IP
FTP OVER A SIMULATED SATELLITE CHANNEL

Stephen Horan and Ru-hai Wang
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ABSTRACT

The CCSDS SCPS FP file transfer performance is compared with that of TCP/IP FTP in
a simulated satellite channel environment. The comparison is made as a function of
channel bit error rate and forward/return data rates. From these simulations, we see that
both protocols work well when the channel error rate is low (below 10-6) and the SCPS
FP generally performs better when the error rate is higher. We also noticed a strong effect
on the SCPS FP throughput as a function of forward transmission rate when running
unbalanced channel tests.
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INTRODUCTION

In order to reduce the risk associated with new technology in space data systems, there
needs to be a considerable amount of testing of that technology prior to flight system
usage. This testing is also needed in software-based technology such as networking
protocols for command and telemetry systems. As more satellite designers consider using
techniques such as Internet-type protocols in their designs, the networking protocols
themselves must be testing in channel environments similar to that found in space
channels. This includes channel error performance, propagation delays, and data rate
restrictions. This includes space channels where the command link (forward link)
operates at a much slower rate than the data link (return link).

The Internet-type protocols such as the TCP/IP file transfer protocol (FTP) do not
normally operate on links with large point-to-point delays. Recent advancements such as
the Consultative Committee for Space Data Systems (CCSDS) Space Communications
Protocol Standard (SCPS) suite of protocols are designed to overcome these space
channel problems and provide reliable data transport. The SCPS suite of protocols
includes four elements: a file transfer protocol (FP), a transport protocol (TP), a security
protocol (SP), and a network protocol (NP) [1]. In the tests described here, we examine



the relative performance of the SCPS FP protocol to that of the TCP/IP FTP protocol
when transmitting various length data files. The files were tested using the Space-to-
Ground Link Simulator (SGLS) described in a companion paper in these Proceedings [2].
The tests examined performance of the protocols at varying channel Bit Error Rates
(BER) and with varying forward and return data rates. In this paper, we describe the test
configuration and give sample results that illustrate the performance. The next section
briefly describes our test environment along with the SCPS configuration, the SGLS
simulator, and the test methodology. Following the test description, we present the test
results and analysis for the two protocols under the conditions of balanced channel data
rates (the same data rate on the forward and return links) and unbalanced channel data
rates (differing data rates on the forward and return links). Finally, we present the
conclusions drawn about the relative performance of the protocols from the simulation
runs conducted to date.

TEST ENVIRONMENT

1. PROTOCOL CONFIGURATION

The SCPS protocol stack was designed to be modular and to be tailored by the user to
meet specific mission needs. Because the configuration is flexible, the performance can
also vary depending upon the options chosen. In our tests, the following default SCPS
configuration was used

• SCPS-SP is not included in the protocol stack
• The networking protocol is IP and not SCPS-NP
• The encapsulation protocol is the User Data Protocol (UDP) rather than IP raw

sockets
• SCPS-FP operates over SCPS-TP rather than over the system’s TCP in kernel

We used the version 1.1.8 reference implementation of the SCPS protocol stack that was
provided by MITRE [3]. The TCP/IP protocol stack used was provided with the host
computer operating system distribution and was used without changes. Both the TCP/IP
and SCPS protocols utilized the Point-to-Point Protocol (PPP) link-level protocol
provided as part of the Linux operating system distribution.

2. SGLS SIMULATION

The networking simulation environment is built around the SGLS space channel
simulator mentioned earlier. The full details of the environment and testing can be found
in [4] and [5]. Two 133-MHz PCs having 16 MB of memory and running the Red Hat
Linux 5.2 operating system are connected to the SGLS via RS-232 cables. These



computers are used for hosting the networking protocols and as the source and
destination nodes for data files transmitted during the tests.

The SGLS channel error simulator is inserted between the source and destination
computers to provide the simulated space-to-ground channel. The SGLS provides the
capability to configure links with the following properties:

a. independent forward and return data transmission rates from 2400 baud through
115200 baud, based upon user selection;

b. independent link error rates on the forward and return data links, from 10-2 down to
10-6, based upon user selection;

c. independent statistical error models for the forward and return data links, i.e.
forward link may be AWGN while the return link is AWGN mixed with
interference.

3. TEST METHOD

In the tests described here, the channel error statistics were drawn from a Gaussian white
noise distribution and were run at BER levels of 10-4, 10-5, 10-6, and 0 (no channel errors).
File transfer times were used as the figure of merit for the link and were measured by
transmitting 1 KB, 10 KB, 100 KB, and 1000-KB files. In each test, ten transfers were
run for each file size at the BER and data rate under test. The results for the ten runs were
then averaged and this average time was adopted as the final transmitting time for each
file size used in the performance analysis. Both the FP and FTP protocols were tested
under the conditions of balanced and unbalanced data links. Occasionally, a transfer was
not completed properly due to the transfer timing out or taking an exceedingly long time
to complete, and its run time was not included in the average but the result was noted and
mentioned in the discussion of the test results.

BALANCED DATA RATE TESTS

The first set of tests conducted were with the same data rate on the forward and return
links forming the set of balanced rate tests. In these tests, baud rates of 9600, 19200,
57600, and 115200 bits per second were used in testing both protocols. The tests were
run with the TCP/IP FTP configuration first, followed by the SCPS FP configuration. The
results of the FTP tests are summarized by baud rate in Figure 1 where the transmission
times for the various file sizes are displayed as a function of bit error rate. Each plot
shows the transmission times for the 1-KB, 10-KB, 100-KB, and 1000-KB files with the
1-KB files taking the shortest time and the 1000-KB files taking the longest time. On
each plot, the diamond marker on the y-axis represents the average time to transmit the
same file ten times using a direct, null-modem cable without the SGLS in the process.
This is to give a reference indication of the best performance possible with the SGLS



configuration at the indicated data transmission rate. Interesting items noted during these
tests include:

a. The file transfer process at a BER of 10-4 was generally not possible. In these
cases, after a relatively long period of no activity on the link, the file transfer was
aborted, either automatically or manually, and restarted. The only file lengths that
could be delivered at this BER were the 1-KB files. However, in each of the cases
where delivery was possible, no test completed all ten experimental runs. The
completion rates were

i. At 9600 baud, 0 of 10 experiment runs were completed,
ii. At 19200 baud, 8 of 10 experiment runs were completed,
iii. At 57600 baud, 2 of 10 experiment runs were completed, and
iv. At 115200 baud, 2 of 10 experiment runs were completed.

b. The file transfer throughput at a BER of 10-6 was nearly the same as the throughput
at a BER of 0. However, as the BER was increased to 10-5, the transmission times
rapidly increased.

Figure 1 - File transmission time results using the FTP service as a function of
BER and baud rate.
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Figure 2 summarizes the results for the SCPS FP tests in the same manner as Figure 1.
Each graph represents a different baud rate and shows the transmission time as a function
of BER for the 1-KB, 10-KB, 100-KB, and 1000-KB files. Again on each plot, the
diamond marker on the y-axis represents the average time to transmit the same file ten
times using a direct, null-modem. The following interesting items were noted during
these tests:

a. Successful completion of the file transfer process at a BER of 10-4 was most likely for
the 1-KB file only. Again, for the longer files, the transmission was aborted after long
periods of no link activity. As in the TCP/IP experiments, in each of the 1-KB
transfer cases, no test completed all ten runs. However, the completion rates were
higher than with TCP/IP FTP and were as follows:

i. At 9600 baud, 0 of 10 experiment runs were completed, which was the same
as FTP;

ii. At 19200 baud, 8 of 10 experiment runs were completed, which was the
same as FTP;

iii. At 57600 baud, 6 of 10 experiment runs were completed, which was 40%
higher than FTP, and At 115200 baud, 5 of 10 experiment runs were
completed, which was 30% higher than FTP.

b. As with the TCP/IP FTP service, the file transfer throughput at a BER of 10-6 was
nearly the same as the throughput at a BER of 0. However, as the BER was increased
to 10-5, the transmission times for SCPS FP did not show the same rapid increased as
the TCP/IP FTP times did. Not all of the SCPS FP experiments were able to complete
ten trials at a BER of 10-5. This was a problem for the 100-KB and 1000-KB file
lengths as follows:

i. At 9600 baud, only 9 of the 10 experiments with the 100-KB files
completed,

ii. At 19200 baud, only 9 of 10 experiments completed with both the 100-KB
and 1000-KB files, and

iii. At 115200 baud, only 9 of 10 experiments completed with the 1000-KB
files.

From these results, we can see that at the low BER (0 ~ 10-6) configurations, both FTP
and FP have essentially the same transmission times. As the BER increases, the SCPS FP
throughput degrades slowly while the FTP throughput drops rapidly. This performance
can be understood in terms of the congestion control methods of both protocols. In a
space channel environment, the channel bit errors are the primary source of packet loss. It
is known that TCP/IP considers packet losses to be the result of network congestion.
When an error occurs, TCP invokes its congestion control rule and reduces its congestion



window. When the BER is very low, TCP does not frequently invoke congestion control
so the throughput remains high while a high BER causes TCP to reduce its congestion
window and lower the throughput.

SCPS was designed with a different approach to avoid this problem and only invokes
congestion control when it has evidence of network congestion actually occurring. SCPS
also uses the round trip timer (RTT), Window Scaling and Selective Negative
Acknowledgement (SNACK) techniques to increase the amount of data that can be
transmitted [6]. In low-BER conditions, these techniques do not greatly enhance
throughput and SCPS FP performs similar to FTP. But with high BER channels, the two
protocols work differently. SCPS does not interpret bit errors as congestion. Instead,
SCPS uses an open-loop token bucket rate control mechanism [7] that meters out
transmissions at a specified rate. Additionally, the RTT and large Window Size
capabilities make the sender continually transmit new data while recovering from bit-
error-induced packet loss. The usage of the SNACK can also help improve the
throughput under high-BER conditions. This is why SCPS FP does a better job of
maintaining a transmission time similar to the no-error case at a large BER while the FTP
throughput suffers as the error rate increases.
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Figure 2 - File transmission time results using the FP service as a function of
BER and baud rate.



The plots for a BER of 10-4 in Figures 1 and 2 are based on only a few completed
transfers, since both protocols had great difficulty in maintaining a connection at this
BER, so their reliability as a measure of true performance is very low.

UNBALANCED DATA RATE TESTS

The second set of tests conducted were with different data rates on the forward and return
links forming the set of unbalanced rate tests. In these tests, the return link was fixed at a
115200-bps transmission rate while the forward link transmission rate was either 2400
bps or 19200 bps. These forward link rates will allow us to see how the
acknowledgement process affects the channel throughput. As before, the tests were run
with the TCP/IP FTP configuration first followed by the SCPS FP configuration. The
results of the FTP tests with two different baud rates are summarized in Figure 3 where
the transmission times for the various file sizes are displayed as a function of BER.
Interesting items noted during these tests include:

a. The file transfer process has the same sensitivity to BER as was seen in the balanced-
transmission-rate TCP/IP FTP tests. BERs of 10-5 and 10-4 had a significant delaying
effect on the transfer time.

b. The throughput is not as great as that found in the balanced transmission tests for the
same return channel baud rate. For a forward/return link combination of 2400/115200
baud, the throughput for all four different file sizes is generally close to that for a
balanced 57600-baud link. This indicates that a slow acknowledgment over the 2400-
baud forward link reduces the link transmission rate to half of that found in a balanced
configuration.

c. When the forward link rate is changed from 2400 baud to 19200 baud, the throughput
does not change significantly which indicates that FTP is not highly sensitive to the
acknowledgement rate.

As in the balanced transmission tests, only the 1-KB files could be transmitted at a BER
of 10-4 for the 2400/115200-baud link combination. In this case, only 8 of the 10
transmission tests were completed. No attempt was made to try the 19200/115200 case at
a BER of 10-4 since it was expected that only the 1-KB file case would be successful as in
the previous tests.

The results of the SCPS FP experiments are displayed in Figure 4 in the same format as
in Figure 3. Interesting items noted during these tests were as follows:

a. Unlike the TCP/IP FTP service, the SCPS file transfer process at a BER of 10-5 had
nearly the same throughput as did the transfer process at a BER of 0.



b. As in the FTP tests, the throughput is not as great as that found in the balanced
transmission tests for the same data rate on the return link. For the 2400/115200
bps link combination, the transmission time for the 1-KB files is similar to that
expected for a balanced 115200-baud link with a low BER. However, for longer
files, the throughput is lower than that for a 57600-baud link. The slow
acknowledgment rate through the 2400-baud forward link appears slows the return
link throughput to one half that found on a balanced link. When the forward link
rate is increased to 19200 baud, the throughput increases over the return link.

c. The difference in throughput between the cases of 2400/115200 baud and
19200/115200 baud is much greater than that found in the TCP/IP tests as can be
seen by the decrease in transfer times between the two cases. Increasing the
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Figure 3 - Unbalanced transmission test time for the FTP service as a function of
file size and BER
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forward link rate to 19200 baud gave a throughput increase of approximately a
factor of 2 for SCPS-FP while the FTP results were nearly the same.

As these figures illustrate, with the lower forward transmission rate of 2400 baud, the
SCPS FP generally runs slower than TCP/IP. A clear exception are the 2400/115200 link
tests where the throughput for the 1-KB files is generally higher with FP than FTP while
all other cases run slower than FTP. This is because the small segment of a 1-KB file is
less susceptible to bit errors and the transfer can be completed in one window cycle. This
performance trend can be analyzed by considering the implications of the protocol
timestamp to the performance. By default, the SCPS FP has its timestamp option turned
on while TCP has its timestamps turned off be default. Enabling the timestamp option
adds an additional 12 bytes to the transport segment header of 20 bytes. The resulting
SCPS acknowledgement packet is 52 bytes long while the FTP acknowledgement packet
remains at 40 bytes. When the acknowledgement link data rate is low, for example 2400
baud, the SCPS-TP sends fewer acknowledgements per unit time thereby decreasing the
amount of data that can be transmitted [3]. But SCPS can improve its throughput relative
to TCP by using the rate control option. This option is designed to control the maximum
rate at which SCPS can send data. Specifically, it controls the frequency with which
acknowledgements will be sent to avoid congestion on the acknowledgement link. These
capabilities contribute significantly to the throughput in a high-acknowledgement-rate
environment, especially when the link has a high BER. This is verified in the
19200/115200 bps tests where SCPS FP and TCP/IP FTP take about the same
transmission time when the channel error rate is close to 0. When the channel BER
increases to 10-5, SCPS FP maintains its nearly flat transmission time while the TCP/IP
transmission time starts increasing rapidly. At this BER, the SCPS FP throughput
becomes higher than that of FTP. It is expected that when the acknowledgement link data
rate becomes higher, for example 38400 or 57600 bps, the FP throughput will be much
higher than FTP’s.

CONCLUSIONS

As mentioned earlier, no attempts were made to optimize the protocol configurations in
these tests but to use them in “out of the box” mode. From the testing completed to date,
we conclude that channels, with bit error rates lower than 10-5, need to be used if the data
transmission is run without some form of forward error correcting coding. As the BER
falls below this, TCP/IP FTP performance may become unacceptable for most space
applications. While the SCPS FP performs better at higher BER channels than does FTP,
the completion rate for transmissions may be a problem. As in the terrestrial Internet,
incomplete data transmissions or timeouts may still be a problem with space channels
even if the SCPS protocol is used. For this reason, users may need to limit file transfer
size to better ensure data set completion in limited pass time. When running unbalanced
forward and return link data rates, the data throughput is limited by the forward link rate



that is assumed to be the slower link here. The slower forward link slows down the
acknowledgement time, which lowers the overall performance of the link. In general, we
conclude that the SCPS performs better than TCP/IP for the types of channels
investigated here. However, even having a protocol stack optimized for space
applications does not remove all of the problems common in the terrestrial Internet nor
does it relieve the user from determining the optimal file size, data rate, and pass timing
for reliable transmission over these networks.
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ABSTRACT

The coverage characteristics of the GLONASS constellation is analyzed. The almanac
data of GLONASS navigation message are used in the computation according to the
operation of the satellites. The ground traces of the GLONASS satellites are plotted. And
the probability of visible satellite number is calculated under different latitude conditions.
The results are analyzed to give descriptions of the GLONASS constellation. And they
are compared with those of GPS's. The conclusion is verified that GLONASS
constellation provides better coverage at high latitude.
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INTRODUCTION

Russian GLONASS navigation satellite system is very similar to GPS. The GLONASS
system can provide the same positioning capability as GPS. But because GLONASS
doesn’t adopt Selective Availability the civil precision of GLONASS is much better.
Combined GLONASS and GPS use has the advantages of better accuracy, availability,
and integrity and attracts much attention of the International Civil Aviation Organization.

The GLONASS constellation also consists of 24 satellites that provide continuous
coverage on the surface of the earth. The satellites are placed in three near-circular orbits
at a height of 19,100km, with 8 satellites equally spaced in each orbit.

The operation of a satellite in its orbit can be described by its basic orbit elements such as
major semi-axis, eccentricity, true anomaly, right ascension, orbit inclination and etc. In
GLONASS navigation message immediate and non-immediate components are used to
describe the moving of the GLONASS satellites. They are both in the form of orbit
elements of the GLONASS satellites. The difference is that the immediate message (or
ephemeris) is relatively precise and is used in receiver positioning, while the non-



immediate message (or almanac) is coarse description of GLONASS satellites and is
usually used in the prediction of the satellites' operation.

In this paper, the almanac data of GLONASS satellites are utilized to analyze the
coverage characteristics of the GLONASS constellation. And the results are compared
with those of GPS's to give an evaluation of the coverage features of the two systems.

DETERMINATION OF THE SATELLITE POSITION

The almanac data chosen are from the net (provided by 3S Navigation Corporation). The
data on March 4, 1996 are selected because all the GLONASS satellites were operating
well at that time. The content of the almanac data is shown in table 1. The meaning of the
parameters is:

- alm: the ordinal number of the GLONASS satellite;
-  p: the orbit number of the satellite;
- day: the calendar day number since last leap year;
- st: the health status of the satellite;
- ET(s): the first ascending time during the day;

The following parameters are referenced to ET:

- EL(°): the longitude of the first ascension;
- T(s): the period of the satellites in its orbit;
- incl(°): the orbital inclination;
- perigee(°): the perigee of the satellite orbit;
- ecc: the eccentricity of the satellite orbit.

With above almanac parameters, the satellites' positions can be determined referenced to
the moment ET. The mean motion of the satellite (n) is calculated from T and major
semi-axis a is from n. The mean anomaly of the ascending node is determined from
perigee and is used to calculate the mean anomaly of the satellite. The eccentric anomaly
E and true anomaly θ of the satellite are determined accordingly. With θ , a and ecc
specified, the satellite's radius vector r is obtained. Then the satellite's three dimensional
coordinates under orbital axis system So (r,0,0) are determined. In the calculation the orbit
drift caused by the eccentricity of the earth and the attractions of the moon and the sun
are taken into account for better prediction.

THE GROUND TRACES OF THE GLONASS SATELLITES

The ground trace is the collection of the satellite's substellar points. The substellar point
can be described by its geographic longitude and latitude. When the earth is



approximated as a standard spheoid, geographic longitude and latitude are the same as the
geocentric longitude ϕ and latitude λ, which are determined by the satellite coordinates
under the geocentric equatorial rotating axis system Se (xe, ye, ze):

222;/;/sin eeeeeeee zyxrxytgrz ++=== λϕ                                          (1)

 The Se can be transformed from the So by the relation

)()()( Bzxzoe LiLLL λθω +=                                                     (2)

where ω is the corrected perigee of the orbit, i is the inclination, and λB is the ascending
longitude of the satellite at the computation moment. λB is calculated from EL and the
rotation rate of the earth. With the above method we obtain the ground traces of the
GLONASS satellites. The computation is referenced to the ascending time of the number
1 satellite (whose alm is equal to 1). The results are shown in Figure 1(a).

THE VISIBILITY OF THE GLONASS SATELLILTES

The visibility of a satellite relative to the ground observer point P is judged by its
elevation angle θE, which is specified by the satellite's coordinates under observer axis
system Sp according to the relation:
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where ρρ ( ρxP, ρyP, ρzP)is the vector from P to the satellite. The coordinates of point P in
Se can be expressed by[1]:
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where RP is the earth radius at P point, HP, ϕP, λP and ϕdP are respectively the geographic
height, latitude, longitude and geocentric latitude of P point. ϕdP and RP can be
approximated by[1]:

pPdP f ϕϕϕ 2sin+=                                                       (5)
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where f is the eccentricity and RE the major semi-axis of the earth. With the geographic
coordinates of the P point known, (xeP, yeP, zeP) can be calculated.



Suppose rP is the geocentric vector of P, ρρ is the vector from P to the satellite, we have

Prr −=ρ                                                                 (7)
If the components of the three vectors in  equation (7) are expressed in Se, equation (7)
can be written as:
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The transformation relation of SP and Se is[1]:
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So the component array of ρρ in SP is:
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Then the θE of the satellite can be determined according to equation (3). If θM is the
masking angle, then the visibility of a satellite referenced to ground observer can be
specified as:

         visible  if    θM<θE<90°
         invisible                 if  -90°<θE<θM

And the larger the θE, the better the visibility. Table 2 gives the results of the visibility
statistics according to the almanac at 100 equally spaced points during 24 hours. The
masking angle is taken as 10°. Four latitudes of 0°, 35°, 55° and 90° are considered.

DISCUSSION

Ground traces: the computation shows that the latitudes of the substellar points of
GLONASS satellites vary from -65.08° to 65.08°. The two traces in Figure 1 are for the
number 1 and number 4 satellites in orbit 1. They exhibit long standing time in high
latitude area and relatively short standing time in low latitude area, which means
GLONASS satellites give better coverage at high latitude than medium and low latitude.
Comparing the results with those of GPS satellites' shown in Figure 1(b)[2], we can see
GPS ground traces stay longer at low and medium latitude while shorter at high latitude.
Besides, the GPS traces are constrained within (-60°, 60°). Obviously GPS has better
coverage in low latitude area.



Visibility: The statistical results in table 2 are expressed in the form of histogram as
shown in Figure 2. Table 2 and Figure 2 show that at 10° masking angle

- The ground observers can see at least 4 GLONASS satellites at all time.
- Most of the time the observers can see at least 5 satellites. Only at 35° latitude, at

a small quantity of time with the probability of 0.15% the users see more than 4
satellites.

- The visible number of the GLONASS satellites increases with the rising of the
latitude. For example, the observers can see more than 7 satellites 60.29% of the
time at 35° latitude, 98.08% of the time at 55°, and 100% of the time at 90°
latitude.

Figure 3 shows the GPS visibility statistical results at 10° masking angle given by
J.J.Spilker[2]. The computational condition is the same as that of GLONASS. Comparing
the two results, we can see that:

- At 0° latitude, observers can see at least 7 satellites 90-95% of the time in GPS
case and 75% of the time in GLONASS case. And 40% of the time the observer
can see 9 GPS satellites and 35% of the time can see 9 GPS satellites, which is
much better than GLONASS case. GPS visibility is better than GLONASS at this
latitude.

- At 35° latitude, the visibility of GPS and GLONASS case is similar.
- At 55° latitude, observers can see at least 7 satellites 95% of the time in

GLONASS case, while 55-60% in GLONASS case. And more than half time
observer can see 8 GLONASS satellites. So the visibility of GLONASS is
obviously better than GLONASS.

- At 90° latitude, observers can see more than 9 GLONASS satellites with about
50% of the time. But they see more than 9 satellites with 15-20% of the time.
Most of the time the observer can see at least 8 or 9 GLONASS satellites.
GLONASS visibility at this latitude is much better than GPS.

CONCLUSION

From the ground traces and visibility analysis of the above section it can be seen that
GLONASS constellation has good coverage on the earth. And it has better coverage at
high latitude. So from the coverage point of view GLONASS is more suitable to be used
by high-latitude nations (such as Russia, Canada, and Australia) and polar areas. This is
mainly due to orbit inclination of the two systems (GLONASS has an inclination of 64.8°
and GPS satellites’ inclination is 55°). Combined use of GPS and GLONASS will benefit
the user of dual coverage.
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Table 1 GLONASS almanc data on March 4 1996

                    alm     perigee      EL         ecc      incl        ET         day        chn    T         p st
1 -155.97 -75.26 0.00063 65.08 11076.47 64 23 40543.93 1     OK
2 -166.26 -95.50 0.00058 65.09 15888.06 64 5 40543.86 1     OK
3 -169.76 -116.84 0.00286 65.02 21009.62 64 21 40543.86 1     OK
4 -52.70 -138.32 0.00030 65.00 26148.03 64 12 40543.96 1     OK
5 -81.79 -167.59 0.00090 65.13 33256.06 64 23 40544.56 1     OK
6 -34.96 179.71 0.00131 65.01 36196.16 64 13 40543.92 1     OK
7 -174.40 -32.08 0.00094 65.11 708.94 64 21 40543.91 1     OK
8 17.87 -51.37 0.00171 65.08 5356.44 64 2 40543.54 1     OK
9 167.50 52.22 0.00064 64.82 9166.44 64 6 40544.12 2     OK
10 165.70 31.04 0.00177 64.84 14251.72 64 9 40544.10 2     OK
11 158.91 9.95 0.00374 64.84 19298.97 64 4 40544.04 2     OK
12 123.98 -11.45 0.00093 64.78 24454.41 64 22 40544.11 2     OK
13 -25.18 -32.53 0.00175 64.84 29447.53 64 6 40544.12 2     OK
14 54.40 -53.50 0.00030 64.77 34522.81 64 9 40544.05 2     OK
15 155.43 -74.51 0.00190 64.83 39512.69 64 4 40543.98 2     OK
16 2.03 73.58 0.00153 64.77 4113.50 64 22 40544.06 2     OK
17 153.78 179.58 0.00039 64.71 7440.72 64 24 40544.02 3     OK
18 38.72 158.15 0.00136 64.69 12570.62 64 10 40544.11 3     OK
19 -167.67 137.32 0.00102 64.72 17623.75 64 3 40544.02 3     OK
20 -160.96 116.24 0.00031 64.72 22664.12 64 1 40543.99 3     OK
21 -14.05 93.75 0.00083 64.83 27900.00 64 24 40544.09 3     OK
22 -9.03 73.59 0.00067 64.71 32872.94 64 10 40544.18 3     OK
23 -159.65 52.57 0.00267 64.70 37836.34 64 3 40543.99 3     OK
24 -40.94 -159.41 0.00033 64.82 2323.06 64 1 40543.97 3     OK

Table 2 Visibility statistical data of GLONASS satellites

number 4 5 6 7 8 9 10 11
Probability (%),    M=10°

Mean
number

0° 0 1.4235 23.5283 62.6136 11.6815 0.6612 0.0918 0 6.8690
35° .1469 7.3435 32.2196 19.5337 35.6159 4.9569 0.1836 0 6.9870
55° 0 0 1.9160 24.8124 55.8199 16.8130 0.6387 0 7.8945

la
ti

tu
de

90° 0 0 0 1.6509 48.1132 46.6981 3.5377 0 8.5212
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ABSTRACT

Time-Space-Position-Information (TSPI) visualization systems used today at the Air
Force Flight Test Center (AFFTC) and simulation visualization tools used at the Air
Armament Center (AAC) utilize two-dimensional (2D) display systems for both real-time
and post-mission data analysis. Examples are monitors and large screen projection
systems. Some TSPI visualization systems generate three-dimensional (3D) data as
output, but the 3D data is translated so that it is compatible with 2D display systems.
Currently, 3D volumetric display systems are being utilized by the Federal Aviation
Administration (FAA) for monitoring air traffic in 3D without 3D goggles. The aircraft’s
position information is derived from radar and fed to a volumetric display. The AFFTC
and AAC need a similar system for Open Air Range testing utilizing the Global
Positioning System (GPS) as the source of position information and Installed Systems
Testing utilizing 6 Degree of Freedom (DOF) flight simulation data as the source of
position information. This system should be capable of displaying realistic terrain
structures, vehicle models and physical test configurations along with text data overlays.
The ability to display the mission in real-time on a volumetric 3D display makes it
possible for test engineers to observe resource utilization continuously as the mission
develops. Quicker turn-around times in the decision process will lead to more efficient



use of limited test resources and will increase the information content of the data being
collected.

KEY WORDS

Volumetric 3D Displays, Visualization Systems, Range Operations, Installed Systems
Testing, Test and Evaluation.

INTRODUCTION

As flight-testing continues to be the dominant range operation at the AFFTC, new and
improved evaluation tools are continuously sought to aid the flight-testing process. New
and improved evaluation tools allow for the effective evaluation of flight tests in real-
time and post-flight. During real-time tests, these evaluation tools play an important role
in flight-testing as they aid the flight test manager in the decision making process. Flight-
test missions may or may not be canceled depending on data derived from these
evaluation tools. The impact of these decisions may cost in the thousands of dollars in the
utilization of test assets and labor. The AAC Preflight Integration of Munitions and
Electronic Systems (PRIMES) Test Facility performs installed systems testing using
simulated flight test missions within an anechoic chamber. The simulated flight missions
are currently created using a 6 DOF simulation. This 3D simulated environment is
currently monitored and viewed using conventional 2D display systems. A 3D
visualization of the flight simulation would be an invaluable tool to the test engineers
conducting the test mission. The introduction of volumetric 3D displays in the flight-test
arena and the installed system test arena is viewed as the next generation test and
evaluation tool that can enhance both the flight-testing and the installed systems testing
processes.

Volumetric 3D displays can aid both flight-testing and installed systems testing by
providing the ability to display realistic terrain structures, vehicle models, munitions
models, and physical test configurations. Utilizing available 3D terrain data from the
National Imagery and Mapping Agency may incorporate realistic terrain information to
be able to see the aircraft or target in relation to the surrounding terrain. This may provide
more visual information to the test manager, to be able to anticipate dynamic mission
scenarios such as line-of-sight blockages, antenna coverage, or even signal multipath
phenomena. Existing Computer Aided Design (CAD) models of aircraft may be utilized
for display on volumetric 3D displays. Physical test configurations may be displayed as
text data overlays to provide additional information to the test manager. These described
uses of the 3D volumetric display for range and installed systems test operations are
envisioned to improve the test and evaluation process at both the AFFTC and AAC.



CURRENT VISUALIZATION METHODS FOR TEST & EVALUATION (T&E)
OPERATIONS

At the AFFTC, range operations are monitored using the Test and Evaluation Command
and Control System (TECCS). Developed by Computer Sciences Corporation under the
AFFTC Engineering and Technical Support Services (ETSS) contract, TECCS is the
primary method of monitoring flight tests within the R2515/R2508 airspace.

Range, azimuth, and elevation data from instrumentation radar and FAA radar is
provided to TECCS which then displays the position of the target over a 2D map of the
R2508 airspace. TECCS is also capable of displaying downlinked GPS data from the test
aircraft. The target is represented by a small triangle along with some text overlays which
includes the target’s squawk number, heading, velocity, and altitude.

TECCS displays this information on computer monitors and large screen displays. This
method takes 3D information and converts it for display on 2D displays.

At the AAC, installed systems testing techniques utilize 6 DOF simulation data to
provide X, Y, and Z position information and roll, pitch, and yaw data to the aircraft
avionics systems to simulate flight of the aircraft. The simulated flight profile is currently
displayed over a 2D map of the simulated airspace.

REQUIRED VISUALIZATION SYSTEM FOR T&E OPERATIONS

To improve on existing display techniques, a display system is required to display 3D
information in volumetric space rather than conventional 2D display systems. The added
dimension of information from a volumetric 3D display is expected to increase situational
awareness of range operations and improve visualization of installed systems testing
simulations.

A volumetric 3D display would improve situational awareness for a myriad of range
operations such as; range safety, bomb scoring, spin test area monitoring, developing sky
screen patterns, mission planning, and overall airspace management. A volumetric 3D
display system would also provide a visualization capability for installed system testing
simulation environments prior to conducting the actual test mission.



DESIRED VOLUMETRIC 3D DISPLAY CAPABILITIES

HARDWARE

SIZE
The volumetric 3D display must be scaleable to be able to match existing display
systems used for flight test analysis today. Volumetric 3D displays that closely
resemble the size of a 19” monitor may be used by flight test engineers whereas a
volumetric 3D display the size of a 40” screen may be used to show a test in
progress to a large group that can sit around the display. This would be ideal when
Colonels and Generals want to witness a particular test. A volumetric 3D display
would add a greater sense of realism while sitting inside a mission control room.

RESOLUTION
Resolutions comparable to current monitor technology is desirable. A volumetric
3D display comparable to a monitor with a resolution of 800x600 pixels would be
usable for test and evaluation purposes.

COLOR
Full color would be ideal to represent data sets and to enhance the aesthetics of the
volumetric 3D display. An example for the use of color would be for temperature
data. Temperature data from aircraft sensors could be represented on the
volumetric 3D display by multiple colors to indicate temperature levels. Green
could be used for an acceptable temperature while yellow and red could be used to
indicate that there might be a problem with the unit-under-test.

MOTION
Full motion (30 frames per second) would be an ideal capability to get a good
sense of what is happening to the test aircraft. As volumetric 3D display
technology improves, it would be advantageous to the test and evaluation
community to be able to have a high frame rate capability (greater than 30 frames
per second) to analyze critical segments of a test, such as bomb or payload drops.

BRIGHTNESS
The ideal scenario would be to be able to use a volumetric 3D display similar to
how computer monitors are used.

CONTRAST
Contrast capabilities similar to computer monitors would be ideal to be able to
analyze the images displayed.



SOFTWARE

A volumetric display where the aircraft’s 3D position in relation to the surrounding
terrain, displayed in volumetric space, would be an improvement over the existing 2D
display systems used for aircraft test and evaluation.

The capability to replay the test aircraft’s position data would aid in the analysis of the
aircraft’s flying qualities and would be extremely useful for aircraft mishap investigation.
The Volumetric 3D Display must be able to accept a variety of 3D formats already in use
today. The capability to use text overlays is also desirable to provide additional
information on the display subject. The capability to manipulate the test object such as
scaling and rotating would aid the analysis of test objects and data.

RESEARCH CONDUCTED

Research on volumetric 3D displays were conducted using Small Business Innovative
Research (SBIR) funding. Research on the 3D Volumetric Display topic was done as a
joint venture between the AFFTC at Edwards AFB, California and the AAC at Eglin
AFB, Florida.

From Phase I and Phase II Air Force SBIR
contracts, Genex Technologies, Inc. (GTI) has
recently developed a novel design concept of
true volumetric three-dimensional display
systems. By "volumetric 3D display", we
mean that each "voxel" (analogous to a pixel
in a 2D image) in the displayed 3D image
locates physically at the (x, y, z) spatial
position where it is supposed to be. The voxel
emits light from that position to form real 3D
images in the eyes of viewers. Such true 3D
display system provides both physiological
and psychological depth cues to human visual
system to perceive 3D objects.

The current prototype system (as shown in
Figure 1) has a cylindrical display volume of
20" in diameter by 5" in height, and is able to
show multiple color 3D images with a spatial resolution of 256 by 256 by 128 voxels (8.4
million voxels).

Figure 1.  GTI's Volumetric 3D Display System.



Figure 2 shows two photographs of volumetric 3D images of a signal pattern of aircraft
antenna that demonstrates the initial success in volumetric 3D display technology
development. The strength of the radiation from a pencil beam antenna is a 3D function,
hence can be best visualized using a true volumetric 3D display system. The AFFTC,
AAC, and Genex technologies, Inc. are developing a high resolution volumetric 3D
display system that allow viewers to see true 3D images with full depth and without using
any special eyewear.

The two pictures in Figure 2, taken from two different viewing angles, show a 3D signal
strength as a function of elevation and azimuth angles displayed on GTI's latest prototype
system. With 256 by 256 by 128 spatial resolution and without the need of special
eyeglasses, viewers can observe the 3D image in detail. One can walk freely around the
monitor to look at the 3D image from any desirable angle he/she chooses, just as if the
3D object is there.

Figure 3 shows a picture of a digital terrain map displayed on a volumetric 3D display
system. The 3D terrain data was obtained from the National Geophysical Data Center in
Colorado. It is a portion of the elevation map of Northern America continent, with proper
scaling of the height values. This 3D display example shows the feasibility of our system
in many potential Air Force related applications, such as digital battlefield visualization,
command and control of airfield, air traffic control, guidance and navigation, etc.

       

Figure 2.
Visualization of Antenna Signal Patterns Using GTI's Volumetric 3D Display



APPLICATIONS FOR RANGE OPERATIONS

AIRSPACE MONITORING / MANAGEMENT
Real-time monitoring of the test aircraft in relation to the surrounding terrain would be a
primary use for the volumetric display. This would improve the situational awareness for
the test manager by having a bird’s eye view of the test.

RANGE SAFETY
3D aircraft trajectory data may be played back on a volumetric 3D display for analysis, to
aid accident investigations. Roll, pitch and yaw data may be better visualized using a
volumetric 3D display. These displays would also be ideal for monitoring the entry and
exit of test aircraft from the spin test areas.

BOMB SCORING
Volumetric 3D displays may be useful for scoring bombs dropped from test aircraft. The
trajectory of a bomb may be estimated and overlaid onto the 3D terrain information to
provide bomb scoring capabilities.

MISSION PLANNING
A volumetric 3D display may be used to display antenna patterns from telemetry
antennas to aid the planning of a mission. This type of sky screen analysis may provide
better information on the coverage of available antennas on range. This will also aid in
the allocation of test assets for a mission. This type of improvement in the mission
planning capability would reduce the risk of performing a mission with inadequate assets.

Figure 3.  Digital Terrain Displayed by GTI's Volumetric 3D Display.



FLUTTER AND VIBRATION ANALYSIS
By being able to manipulate the volumetric image, by scaling to different sizes and
rotating to different angles, aircraft phenomena such as wing flutter may be evaluated.
Recent conversations with National Aeronautics and Space Administration (NASA)
engineers indicated that a volumetric 3D display would be useful for flutter and vibration
analyses. Vibration patterns, which are similar to antenna patterns, may be better
visualized in a volumetric 3D display.

STABILITY AND CONTROL PERFORMANCE ANALYSIS
NASA engineers would benefit greatly with the capability to display the angle of attack,
sideslip, and attitude of the test aircraft. The capability to display control surface
positions in a volumetric 3D display will also help researchers understand complex
vehicle behavior. This type of analysis is typically performed using 3D data on 2D
displays. A volumetric 3D display can now integrate all of the 3D data onto one display
and with this improved visualization system, NASA engineers can get a more realistic
representation of the test data.

CONCLUSIONS

Volumetric 3D displays are expected to increase situational awareness of test and
evaluation operations as more information is integrated into one display thus aiding the
decision process for Range Control Officers, Operations Duty Officers, and Flight Test
Managers. Volumetric 3D displays may augment existing 2D visualization systems to
visualize test data in three dimensions. Once this display technology is developed where
it is as usable as 2D monitors are used today, it is anticipated that this technology will
have a multitude of applications.
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ABSTRACT

Deutsche Telekom has been operating different communication satellites for several years.
DLR (Deutsches Zentrum für Luft- und Raumfahrt e.V.) with its GSOC (German Space
Operation Center) is responsible for German space missions. Deutsche Telekom and DLR
formed a joint venture to build a Ku-Band station for back-up purposes and to provide
LEOP services in the Ku-Band for Europe. The station is located at the DLR premises near
Munich. The new station is operational since 1998.

The aim was to design the system in a way that the operation effort in costs aspects and
human intervention is minimized. All operational tasks can be performed besides the
routine work of one person at the Satellite Control Center (SCC). The station is remote
controlled from different SCCs.

The SCC has one consistent Human Machine Interfaces which includes not only the Ku-
Band station but also the backup S-Band stations at different locations.

This paper describes conception and operation of a LEOP Ku-Band Station with shared
users at different sites.

KEY WORDS

Ku-Band Antenna, LEOP; monitoring and control, OpenVMS, Human Machine Interface,
network.



INTRODUCTION

The SCC of Deutsche Telekom is located near Usingen, about 50 km north-west of
Frankfurt/Main. The system has been under operation since the launch of the first flight
model DFS in June 1989.

The DLR ground station is located at Weilheim, Germany. The ground station is operated
by the GSOC (German Space Operation Center) which is located at Oberpfaffenhofen near
Munich. The GSOC is responsible for nearly all German Scientific space missions.

The DLR was a partner in supporting Deutsche Telekom’s communication satellites
Symphony, TVSat and DFS. The Satellite Control Center of Deutsche Telekom was
developed by DLR. In 1994 Deutsche Telekom and DLR signed a partnership agreement.

The following map shows the site locations.

Bonn

München

Hamburg

Hannover

Frankfurt

Berlin

Darmstadt

Usingen

Weilheim

Germany Europe

Figure 1: Site locations

This joint-venture combines the advantages of both organisations:

• Deutsche Telekom’s commercial oriented cost-effective operations of spacecrafts and
• DLR’s scientific reputation and orientation in space programs



REQUIREMENTS

The new station should support the different needs of both organisations and also of
external customers. The station shall support multiple missions:

• Commercial satellite support
• Scientific satellite support
• LEOP operations
• Backup support

Beside the technical requirements, a reduction of the entire operations costs and fully
remote capability from different locations were main design topics.

New software and hardware to be developed shall enable the station controllers at both
locations with a sophisticated and intuitive design of hardware and software.

A KU-BAND ANTENNA, WHY?

Traditional communication satellites were positioned mainly in the S-Band. Most satellites
are still using onboard omni- directional S-Band antennas for emergency purposes.

New global satellite systems are not longer using the S-Band. In Europe the S-Band is in
high demand not only for space based application but also for terrestrial networks and new
applications.

Further discussions and a need for a back-up ground station for Deutsche Telekom’s own
satellites lead to the decision not to build a another S-Band antenna but to proceed with a
full motion 11m Ku-Band antenna to serve different needs of the space community.

STATION PERFORMANCE

The following tables describes the performance specification of the Ku-Band antenna:

Main reflector 11.1 m diameter Azimuth ± 160 degree
Min. Flux density in autotrack mode -180 dBW/m2 Elevation 0 - 175 degree

Table 1: Mechanical specification



Receive section Transmit section
Receive frequency 10.7...12.75 GHz Transmit frequency 13.75...14.5 GHz
G/T (10 deg. Elev.): 36 dB/K EIRP 91 dBWi max.
Polarisation circular RHC and LHC Polarisation circular RHC and LHC
Polarisation linear X and Y Polarisation linear X and Y

Table 2: Receive and transmit specification

NETWORKING

The antenna is located at DLR’s Weilheim site in Bavaria close to the Alps. Deutsche
Telekom SCC and DLR’s GSOC are connected via terrestrial data lines. The following
figure is an overview of the network.

Deutsche Telekom
SCC

Usingen

Ku-Band Ku-Band Ku-Band

DLR
Antenna Site

Weilheim

S-Band S-Band
Ku-Band

Multi-Purpose

DLR
GSOC

Oberpfaffenhofen
Data Link Data Link

DLR Sites Deutsche Telekom Site

Figure 2: Network

DECNet and TCP/IP are the used network protocols between the different sites.

RESOURCE SCHEDULER

A resource scheduler for a shared use station based on a priority scheme is mandatory.
This resource manager is located at DLR’s GSOC. The final decision which party can use
the antenna is made here.

This decision is based on a schedule and on the priority of the not scheduled request. A
spacecraft emergency has always the highest priority.



After the control is passed to one of the SCC’s the entire ground station is fully remote
controlled from that site. Controlling of a device or the entire antenna can only be
performed from a single location. Monitoring information is available in real-time to both
sites.

BASEBAND DESCRIPTION

The baseband is build by the use of commercial-off-the-shelf (COTS), equipment. The TC
(Telecommand), TM (Telemetry) and RNG (Ranging) functions are formed by industry
standard VME bus units. All single units of the baseband are connected via a standard
Ethernet interface with the TCP/IP protocol.

A redundant set of Klystrons (two kW) as power amplifiers are installed. A software
controlled automatic tuning and automatic switch-over over in case of failures is
implemented.

COMPUTER SYSTEMS - HARDWARE

The computers are Digital Equipment’s Alpha AXP running OpenVMS as operating
system.

COMPUTER SYSTEMS - SOFTWARE

Both SCC’s are using the same software which not only reduce the development costs for
supporting different platforms but each SCC can work after the necessary software set-up
as a back-up SCC for the other site.

The display system is based on the X11 standards. Commercials software packages are
used to create the graphical user interface.

HUMAN MACHINE INTERFACE

The Human Machine Interface (HMI) for the Ku-Band station is TIGRIS. TIGRIS is
formed by the tools TeleUSE and sphinx-dyna. It realises based on X11 and Motif the
graphical user interface for the station. The next figure is an example of a TIGRIS display
page.
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Figure 3: TIGRIS display page

HIERARCHY

All system and subsystem display pages are designed in a hierarchical way. The following
levels are defined:

• System level
• Subsystem (device) level
• Parameter level

The real system is represented by linked graphical objects on several display pages.

This top-down design allows the user a simple overview of the system status. More
detailed information can be requested by a simple mouse click on the graphical object
representing the real device.



INPUT

The configuration of the station is possible via single parameters or pre-defined procedure
(Macro) consisting several single commands. The use of pre-defined procedures simplify
the operation of the station. In addition all Motif based input possibilities are available.

Based on the knowledge and privileges of the operator the procedure level or the detailed
single command level is accessible.

ALARM

The status of each system or subsystem is shown by the colour of the graphical object:

• green: Object within normal operation limits
• yellow: Object outside normal operation limits, but still operational
• red: Object failure, not operational

An alarm list is generated by the HMI for all parameters which are defined as alarms. An
audible alarm can be enabled. Each alarm must be individual confirmed by the operator.

HELP

An extensive help text is assigned to each object. The help function van be enabled which
the mouse. In case of system failures the necessary recovery procedure are also described
by the help function.

EDITOR

A graphical editor is available for display design. Static and dynamic formats can be
created like:

• Linking of parameters to graphical objects
• Colour definition of these objects
• Display hierarchy

The definition of new pages can be performed by the user expensive external software
development is no longer an issue.



MONITORING AND CONTROL

The Monitoring and Control (MaC) processor performs the processing of all station
parameters. This includes the processing of monitoring and derived parameters and the
generation of the control information for the station devices. Again TIGRIS is used as
HMI.

A mission dependent set-up of the Ku-Band station parameters ensures the optimal
performance for each individual mission.

CONCLUSIONS AND EXPERIENCES

The following conclusions and experience can be taken from this joint venture project

• Extensive use of Commercial of the shelf equipment and software tools will reduce the
development costs

• Only the use of existing standards for software development and display systems ensure
the future support effective maintenance

• Ground station hardware is no longer expensive, the main cost factor is software
development

The design of the HMI only together with the final end user (ground station or spacecraft
operator) will guarantee the use and acceptance of the new features and software systems.

REFERENCE
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ABSTRACT

The White Sands Telemetry Data Center (TDC) is moving to a new home. The TDC,
along with various range functions, is moving to the new J. W. Cox Range Control
Center (CRCC). The CRCC is under construction and will replace the present control
center. Construction of the new CRCC and the resulting move was prompted by the
presence of asbestos in the present Range Control Center (RCC).

The CRCC construction will be completed in September 1999 at which time the
communications backbone will be installed. (Estimated time to complete the installation
is nine months.) In early 2000, White Sands will begin transition of the TDC and other
commodity functions to the CRCC. The transition must not interrupt normal support to
range customers and will result in the consolidation of all range control functions.

The new CRCC was designed to meet current and future mission requirements and will
contain the latest in backbone network design and functionality for the range customer.
The CRCC is the single point of control for all missions conducted on the 3700 square
mile range.

The Telemetry Data Center will be moved in two parts into the new CRCC. This will
allow us to run parallel operations with the old RCC until the CRCC is proven reliable
and minimize overall downtime. Associated telemetry fiber optics, microwave
communications and field data relay sites will be upgraded and moved at the same time.
Since the TDC is so tightly dependent upon data input from both fiber optics and



microwave communications inputs, a cohesive move is critical to the overall success of
the transition.

This paper also provides an overview of the CRCC design, commodity transition, and
lessons learned.

KEYWORDS

Control center, data center, construction, transition, and asbestos.

INTRODUCTION

The present RCC at White Sands Missile Range was built in the middle 1960s and
contains asbestos that cannot be abated without shutdown of the entire facility. The
facility cannot be shut down for an abatement period because it is the focus and control
point for all missile firings at the Range.

In 1996 White Sands Missile Range obtained Congressional funding for a new facility -
the CRCC. The CRCC is being constructed by Sverdrup Facilities Inc., Costa Mesa, CA
and is being located less than one block from the present facility.

The new CRCC will contain all the commodity control systems of the present facility
plus three other groups not currently located within the present facility. The Video Relay
Facility, Scheduling Office, and Meteorology Support will be added to the new CRCC.
With these additions, the CRCC will house all the functions related to missile firings in
one building.

Within in this new facility, it was possible to provide a new home for White Sands
Missile Range Telemetry. The Telemetry Group will have a CRCC area designed for
today’s needs. The new area will contain a central operational area and four Project Cells.

The concept of projects or White Sands’ customers in project cells adjacent to the
Telemetry Data Center is new and will result in lower operating costs and a better
interface with the customer.

DESIGN GOALS AND OBJECTIVES

All missile and target firings at White Sands Missile Range are controlled from a single
point-the Range Control Center. The present Range Control Center was built in three
phases from the middle 1960s to the early 1970s.



As was common in that period it was constructed with asbestos sprayed onto the true
ceiling. Because the area above the false and the true ceiling is the return air path, any
release of asbestos in one area would contaminate the entire building is a short period. It
was recognized that the asbestos must be dealt with, and shortly thereafter determined
that the asbestos could not be abated in place because abatement methods called for the
use of water spray to reduce airborne asbestos particles. Because of the presence of a
large amount of electronic equipment with a natural abhorrence to water and the
requirement for daily operations in all areas, abatement of the structure would not be
possible if normal daily operations were to continue.

It was decided that an entirely new facility was required. Because of the uncertainty of an
asbestos release, design and construction time periods were to be kept to a minimum.
This was the primary reason for selecting the design/build method of design coupled with
construction.

During the transition from the old Range Control Center into the new CRCC, mission
support down time is to be kept to a minimum. In the transition, some modernization of
systems will take place. One system in the present facility that required a much needed
upgrade was the Readiness Reporting System (RRS). The RSS, a system used for
reporting the mission readiness of various commodities at the Range, was based on
obsolete technology and was very old. The RRS was also going to be difficult to move
because of its age and the requirement for minimum downtime. It was decided to build a
new RRS using the commercial-off-the-shelf (COTS) equipment. Because we are able to
build a new RRS, downtime of the old RRS became a non-issue.

Another CRCC requirement is to have support elements situated in the most mission
efficient location. This dictated the use of only two floors with a total area of
approximately 108,000 square feet. Most of the mission support functions are on the
second floor with careful attention to locations of the various support functions. In the
area of Flight Safety both Project and Range Control personnel can have eye contact with
each other through glass walls while discussing the flight safety aspects of a missile on an
intercommunications link in real-time.

The entire CRCC, with the exception of the bathrooms, is constructed with a raised
computer floor. The configuration of the walls and area functionality can be changed as
future requirements dictate.

The CRCC is also completely “digital.” The old Range Control Center has some digital
communications backbone but is predominately analog in nature. The CRCC will have a
state-of-the-art digital fiber optic and Category 5 communications network that is easily
re-configurable. All the support systems will interface to the digital backbone.



The CRCC also has a smaller heating and zone controllable cooling system than the old
Range Control Center. This was made possible by the recent migration to workstations
and the retirement of all power hungry main frame computers with large cooling
requirements.

DEVELOPMENTAL ACTIVITIES

The construction method selected was design/build. This type of construction calls for
soliciting of proposals using a design completed to about the 35 percent level, awarding a
design/build contract, and letting the design/build contractor complete the design while
simultaneously beginning construction. The design/build type of construction has the
potential for speeding up the completion of the project. In a prescriptive type of building
such as the CRCC, where certain control rooms must be adjacent to other control rooms
and the configuration is dictated by the mission, the design/build method may not have
been the best choice.

The type of construction in the CRCC lends itself to the more traditional design-bid-build
philosophy where the complete building is designed to the 100 percent level by an
architectural firm, and a construction contract is awarded on a competitive basis.

Early on White Sands developed a Transition Plan. This plan has matured as the
construction completion date draws nearer.

In the entire 50 plus year history of White Sands Missile Range, there was never a
situation where a range control center needed to be moved. The transition, at this single
complex focus point for all missions, is further complicated by the requirement for non-
interruption to daily operations.

CRCC OVERVIEW

The major functions of the CRCC include:

• Communications
§ CRCC Communications Control
§ Test Support Network (Control System for all Fiber Optic Networks)

• Commodities
§ Drone Formation Control System
§ Air Traffic Control System
§ Data Control System

− Workstation (Time-Space-Position Information) Array
§ Operational Control and Display Facility
§ Six Test Cells



§ NTSC Video Distribution
§ Workstation RGBS Image Distribution
§ Real-Time Data Processing System (RTDPS)

• Timing
• Video Relay Facility
§ Microwave System for Field NTSC Video
§ NTSC Video Distribution

• Range Scheduling
• Super Computer Facility
• Uninterruptible Power System with Motor-Generator Set
• Telemetry
§ Telemetry Data Handling System
§ Four Telemetry Test Cells
§ Jig-3 Microwave Room

TELEMETRY OVERVIEW

The Telemetry Data Center (TDC), located on the CRCC second floor is the principle
telemetry data processing and telemetry display facility at White Sands Missile Range.
The TDC fully supports IRIG Document 106-96 with pulse code modulation, pulse
amplitude modulation and frequency modulation data processing. TDC has the capability
to process telemetry data in pre-flight, real-time, and post-flight conditions. Inputs to the
TDC include analog data from microwave relays, digital data up to 44.5 MB/sec from
microwave as well as fiber optics, and Ethernet connections. Various field telemetry
tracking instruments feed data to the TDC via fiber optics and microwave transmission
means.

The TDC’s primary processor system is the L3-Comm O/S 90. This system is divided
into three sub-systems; all supporting PCM data rates up to 20 MB/sec. These systems
are configured to meet today’s customer needs and are flexible to meet future customer
needs. There are three O/S 90 systems in the CRCC TDC.

Improved display capabilities brought by the O/S 90 systems provide high resolution
color dynamic graphic displays.

Processed TDC data is sent to two primary destinations: TDC internal networks and the
RTDPS. The data outputs consist of parallel outputs, Ethernet outputs and disk outputs.
The parallel output module drives various strip chart recorders at rates up to 10
Megawords/sec. The Ethernet output module supports both internal networks and RTDPS
with processed data and is configured with 10baseT and 100baseT outputs.



The disk output module is primarily used to archive processed telemetry data. Archival
data products include all the popular tape formats, and compact disk, Zip drive, Jazz
Drive, and Bernoulli formats. New helical scan digital recorders will reduce recording
costs for the customer.

The CRCC TDC will have four cells adjacent to the processors. Three will be real-time
support cells and the fourth will be an Analysis Cell. The Analysis Cell will provide
quick-look data reduction in formats that are customer friendly.

Moving the TDC from its present location into the CRCC will be dovetailed with a
telemetry data transmission modernization effort that will be taking place in the field at
the same time.

LESSONS LEARNED

The complex process of developing the CRCC consisted of:
• Developing a game plan on how to proceed
• Selecting the appropriate Corps of Engineers office to partner with
• Selecting the architect
• Developing the initial architectural design
• Refining the architectural design
• Architectural design to the 35 percent level
• Award a design/build contract
• Working with the design/build contractor to complete the design
• Acceptance of the CRCC after construction completion
• Punch list completion

It can be said in all of above steps, “document details, document details, …” In the above
process many people were, and still are involved, many meetings were held, and many
decisions were made. Each decision, however trivial at the time, must be documented and
kept in an easily accessible database for future reference.

During the development of requirements in a Charrette process with the architect, all
requirements must be entered into a database. This database must be thoroughly
compared to the request for proposal drawings and narrative requirements. This will
insure all requirements are rigorously stated prior to the bidding process.

It can also be said the customer must understand and document his requirements. This is
particularly important when it comes to cooling and critical load power requirements. A
full understanding is required of the power requirements of each item that will be
installed in a new facility and how much heat each device will dissipate. All
instrumentation power requirements sum back to the building input transformer, the



uninterruptible power system and the motor-generator set. The heat dissipation sums back
to the size of ducts, the size of the cooling system, and electrical power required by the
cooling system. These areas must be fully understood and defined for a successful
project.

CURRENT STATUS

The construction is scheduled to be completed in September 1999. Installation of the
communications backbone will follow with transition scheduled to begin in the spring of
2000.
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MOBILE ALL TERRAIN TELEMETRY
AND

DATA DISPLAY VANS

Bruce Lipe Tom Cronauer
Air Force Flight Test Center Air Force Flight Test Center

Range Division Range Division

ABSTRACT

The 412th Test Wing, Range Division has developed an all-terrain van system to receive
real-time telemetry and also to display the processed data for remote location flight-
testing. The vans are refurbished Ground Launch Cruise Missile (GLCM), Launch
Control Centers (LCC). The vans were a joint development effort between the Range and
the Advanced Fighter Technology Integration (AFTI) program office. The van systems
were specifically designed to support Ground Collision Avoidance System (GCAS)
testing. However, the van systems have been successfully used to support other
customers, with remote telemetry needs, due to the systems Commercial Off the Shelf
(COTS) design. This document will describe the design, layout and rationale for the
systems design. This paper will also provide the systems capabilities with top-level block
diagrams.

KEY WORDS

Mobile, Telemetry, Data Processing, GLCM, ADAPS

INTRODUCTION

Since the drastic cutbacks in the Defense Budget many projects have had to do more with
less. These reductions trickle down to the support agencies as well. Couple these
reductions with the need to support hazardous low altitude flight-testing in remote areas
with unimproved roads, at best and the solution becomes all terrain telemetry and data
display systems.

MOBILE SYSTEMS

The Range was presented with a requirement to provide real-time telemetry support for
the AFTI/F-16 project. Specifically, for hazardous test flights related to the Ground
Collision Avoidance System (GCAS). The GCAS flight tests required the aircraft to fly,



at points, to within 50 feet of the ground. The fixed site TM systems we operate could not
provide adequate coverage that low to the ground and would make real-time safety calls
impossible. Therefore, the Range & AFTI developed a three-phase approach to fulfilling
the AFTI/GCAS requirement.

The decision to use the GLCM LCCs as the trailer platforms was quite easy. First, the
vans were free and were on hand eliminating any procurement difficulties and allowed us
to begin work immediately. Second, the GLCMs are specifically designed for the all
terrain environment. Third, the GLCM vans came complete with the M.A.N. 1013
tractors, which are also well equipped to operate on unimproved roads as well as off road.

The GLCM vans required changes to its power and cooling systems. First, the 60
KW/400 Hz gas turbine generator was removed and aluminum plates added to create an
8’ X 10’ platform on the forward end of the trailer. Then a 60 KW/60 Hz, 120-208 VAC
– three-phase diesel generator was added. Secondly, the aft equipment box was removed
and a commercial Environmental Control Unit (ECU) was installed to provide heating
and cooling. The ECU has a cooling capacity of 5 tons and also contains 10 10KW
heating elements.

GLCM Van & M.A.N. 1013 Tractor



PHASE I – ALL IN ONE

The first Phase of the trailer build was to incorporate the use of a PC based decommutator
systems to provide Real-time data display for the Flight Test Engineers (Figure 1). The
system was self-contained within one van that included TM data acquisition, processing
and recording equipment.

Phase 1 Telemetry Van Equipment Layout
Figure 1

Rack 1: Test & Calibration Equipment Rack 2: Telemetry Receiver Group1
Rack 3: Antenna Control Rack 4: Telemetry Receiver Group 2
Rack 5: Telemetry Data Recording Rack 6: PC Decomm System 1
Rack 7: Strip-chart Recorders Rack 8: PC Decomm System 2
Rack 9: Video Data Recording & Distribution Rack 10: Strip-chart Recorders
Rack 11: Signal Conditioning & Decryption Rack 12: Power Distribution & Monitoring

After the completion of the very successful first phase of GCAS testing it was determined
that additional data processing and display capability was needed as well as room for
additional Flight Test Engineers. This began Phase two of the Mobile All Terrain TM
systems design.

PHASE II – TM VAN MOD & 6 POSITION DATA DISPLAY VAN BUILD-UP

Phase Two incorporates the use of two GLCM LCC vans. The TM acquisition and data
processing van is the original TM van mentioned above, with additional equipment. The
additional equipment is contained in one rack. Rack 13 (Figure 2) was added to hold the
data decommutator and UMN, key elements to the ADAPS data processing system.
Fiber-optic transmitters and receivers were also added to Rack 3 to provide a fiber-optic
interface between the two vans. The fiber-optic umbilical between the two vans contains
36 multi-mode fibers. The umbilical provides TM data, video and audio connections
between the vans and allows for a maximum of 240 feet separation between them.
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Telemetry Van Equipment with Equipment Additions
Figure 2

The Data Display Van is configured with 6 user workstations (Figure 3 & 4). The
workstations display real-time data processed on board the TM Acquisition Van. The
data is displayed in user selectable formats (dial gages, bar graphs, digital, etc.) or printed
on 3 eight channel thermal strip chart recorders.

Phase 2 Data Display Van Workstations Racks 4,5 & 6
Figure 3
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Phase 2 Data Display Van Rack Layout
Figure 4

Rack 1: UMN Rack 2: Fiber Optic Equipment
Rack 3: DACs & Strip-chart Recorders Rack 4: Display Station 1
Rack 5: Display Station 2 Rack 6: Display Station 3
Rack 7: UPS, UHF Comm & Audio Amp Rack 8: Display Station 4
Rack 9: Display Station 5 Rack 10: Display Station 6
Rack 11: Power Distribution & Monitoring

6 Position Data Display Van
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Phase III – 12 POSITION DATA DISPLAY VAN

The third and final phase of the All Terrain Mobile Van System is to build a larger Data
Display Van. This larger van will have the capability of supporting 12 user workstations.
In keeping with the ranges ability to reuse existing assets we have refurbished a Pershing
Missile Shop Set trailer. This van is 35 feet long with the entire length usable. The van is
fitted with a false floor for cable runs and cooling air distribution. The van uses two 3-ton
cooling units slung below the trailer. The 30 KW diesel generator is fitted to a swing-out
maintenance platform secured to the forward end of the trailer.

12 Position Data Display van Layout
Figure 5

Rack 1: RT/PFP Workstation Rack 2: RT/PFP Workstation
Rack 3: RT/PFP Workstation Rack 4: Removable Table
Rack 5: RT/PFP Workstation Rack 6: RT/PFP Workstation
Rack 7: Strip-chart Recorders (2) Rack 8: RT/PFP Workstation
Rack 9: RT/PFP Workstation Rack 10: Strip-chart Recorders (2)
Rack 11: RT/PFP Workstation Rack 12: Strip-chart Recorders (2)
Rack 13: RT/PFP Workstation Rack 14: Strip-chart Recorders (2)
Rack 15: Strip-chart Recorders (2) Rack 16: UMN & F.O. Interfaces

Data Display/Processing System

After the PCM Telemetry data is received and decrypted it is sent to the RT/PFP
telemetry processor system (Figure 6). After processing the data it is transferred to the
user RT/PFP workstations by a Universal Memory Network (UMN) shared memory
system. An Ethernet network is also used to command and control the RT/PFP system.
The RT/PFP enhanced version of the DataViews software package is used to display
telemetry on a SGI Indigo Workstation. Workstation display configuration can be
changed in real-time by the users if needed. Engineering Units data can be recorded on
the telemetry processor or by each individual workstation.
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Data Display System Block Diagram
Figure 6

CONCLUSION

The mobile systems we have developed, tested, deployed and used are extremely
versatile and highly successful. They are designed for small groups with specific test
requirements. We can accommodate test programs with limited funding on short notice
and return quality data products. Our customers do not have to wait weeks or even days
for their data, they leave with the data when the mission has been completed.

With the use of the UMN we can link not only our Data Display vans but also our Range
Safety van which all share the same interfaces.

When our customer’s project is a success, and has grown, and requires additional support
infrastructure the Range Control Rooms are ready and use the same RT/PFP system on a
larger scale.

All brand names and product names are trademarks, registered trademarks, or trade
names of their respective holders.
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MOBILE OPERATIONS FACILITY
IN SUPPORT OF THE

X-33 EXTENDED TEST RANGE ALLIANCE
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ABSTRACT

NASA and the Air Force are increasing the number of hypersonic and access-to-space
programs creating a growing requirement for flight test ranges over large regional areas.
A principal challenge facing these extended test ranges is the ability to provide
continuous vehicle communications by filling the gaps in coverage between fixed ground
stations. Consequently, there is a need for mobile range systems that provide a multitude
of communication services under varying circumstances. This paper discusses the
functional design and systems capabilities, as well as the mission support criteria,
concerning NASA’s Mobile Operations Facility (MOF). The MOF will be deployed to
Dugway Proving Grounds (DPG), Utah, in support of the X-33 single-stage-to-orbit
(SSTO) demonstrator.

KEY WORDS

Mobile Operations Facility (MOF), Extended Test Range Alliance (ExTRA), X-33,
Dugway Proving Grounds (DPG), range data communications network.

INTRODUCTION

The Extended Test Range Alliance (ExTRA), a combination of government and private
enterprise and their affiliated resources, has been established for the purposes of
satisfying X-33 program and range safety requirements. Meeting specified criteria
demands ExTRA sustain continuous communications with the vehicle from launch at
Edwards Air Force Base (EAFB), California, to wheels stop for landing at DPG. As a
result, multiple ground stations are required to provide continual coverage of flight. To
illustrate, the range tracking site located at DPG will support overlapping coverage with a



maximum range of 235 nautical miles via the following fixed and mobile vehicle
communications systems:

• Wallops Flight Facility (WFF) Range Instrumentation Radar
• WFF Command Termination System
• Dryden Flight Research Center (DFRC) 9-Meter Telemetry/Uplink System
• Air Force Flight Test Center (AFFTC) Optical Tracking Systems
• ExTRA Mobile Digital Microwave Systems
• Launch-Mission Control and Monitoring System (LMCMS) Mobile Operations

Control Center

As is evident in the preceding list, there is a need for a versatile and mobile
telemetry/communications focal point that is capable of collecting, distributing, and
processing data between these diversified systems. The solution is found in the MOF.

The Dryden Flight Research Center acquired the MOF from the Ames Research Center in
the early part of 1998. Since the transition, the MOF has undergone an extensive re-
engineering process. Antiquated data reduction and display systems have been removed
and replaced with a number of well-developed, commercial-off-the-shelf (COTS)
components. While structured upon a reliable telemetry receiving system platform, the
MOF is a configurable asset that supplies an added versatility in the field by way of
telemetry decommutation, uplink command and control, processing/display support for
Range Safety Officers (RSO) and Range Control Officers (RCO), automated telemetry
best source selection and a fiber optic interface that provides access to a variety of
communications resources.

This paper characterizes the various subsystems contained within the MOF and provides
a general understanding of its extended range applications.

Requirements

During X-33 mission support, the MOF is scheduled to function as the DPG range
tracking site communications hub, provide off-site access to up-range resources and
perform telemetry acquisition and processing services. The following subsystems have
been designed to meet these requirements.

System Enclosure and Power

All subsystems, with the exception of the antenna/pedestal assembly, are contained
within a 48-foot special purpose semi-trailer, shown in Figure 2. The enclosure is
equipped with expanding side sections to facilitate maintenance, a pneumatic leveling
system, a rear hydraulic lift gate, a 180,000 BTU/HR forced air cooling system and 500



cubic feet of secured storage space located beneath the trailer platform. A tiled sub-floor
allowing 8 inches of clearance provides easy access to cables for interfacing between
racks and three exterior/interior access panels located on the side of the trailer. Figure 1
shows the access panels and the layout of the equipment racks.

Figure 1. MOF Floor Plan

Space and maintenance considerations, along with load balancing issues, drove the
decision for an independent, mobile power source. A stand alone 112.5 KVA generator
supplies the 120/208 VAC, 3 phase, 60-hertz power needed to operate the
antenna/pedestal and interior equipment. In situations where shore power is available, the
MOF provides a 75-ft. power cable.

Figure 2. MOF Trailer and Antenna/Pedestal



Telemetry Acquisition

The MOF is equipped with a Dual-Axis, Multiple Frequency Tracking System (MFTS)
which is designed to receive, automatically acquire and track Radio Frequency (RF)
energy of any polarization in the 1.435 to 2.40 GHz frequency range. Fundamentally, the
system consist of a high-gain conically scanned tracking feed attached to the focal point
of a 6 foot parabolic reflector, a low-gain omni-directional antenna, a microprocessor-
based antenna control unit and a two-piece, lightweight (375 lbs.), elevation-over-
azimuth pedestal containing a 400 watt internal servo amplifier.

The pedestal accommodates tracking velocities to 30 degrees/sec and acceleration rates to
60 degrees/sec/sec with maximum backlash set to +0.15 degrees. Two precision,
preloaded bearings in each axis minimize compliance and orthogonal error. For transport
and during periods of non-use the antenna/pedestal assembly can be mounted within the
enclosure to provide an extra measure of protection (Figure 1). A lift transport system
utilizing removable rails, a rear lift gate and a hydraulic lift table position the assembly to
a rooftop platform for operations support.

Three subassemblies are included in the antenna feed assembly; the tracking feed, RF
subassembly and omni-directional antenna. The tracking feed employs the rotating horn
scan or RADSCAN principle which allows the system to autotrack vertical and horizontal
signals simultaneously from 1.435 to 2.40 GHz. The RF subassembly, located behind the
feed, houses the 60 dB rejection band pass filters and 0.4 Noise Figure (NF) Low Noise
Amplifiers (LNAs). The omni-directional antenna is mounted on the RF assembly and
supports low-gain acquisition when the antenna is positioned at zenith.

System Gain over Temperature (G/T) measurements of 6.4 dB are achieved at the X-33
S-band frequency. Figure 3 is a graph of the system’s Range vs. Vehicle Effective
Isotropic Radiated Power (EIRP).

A microprocessor-based antenna control unit, with modular software written in C and
C++ for IBM OS/2 environments, provides all the controls and displays necessary for
automatic antenna tracking. Added features include a windowed graphical user interface,
data logging for post-mission analysis, Inter-Range Instrumentation Group (IRIG) timing
input/output and a comprehensive set of diagnostics.

Telemetry Receiving and Distribution

Dual 1 by 8 multicouplers separate the acquired telemetry signals and distribute them to
three receiver groups. Each receiver group consists of two high performance,
microprocessor-based telemetry receivers for concurrent vertical and horizontal signal
processing and one dual-channel, optimal ratio diversity combiner. The receivers provide



demodulation for Frequency Modulation (FM), Phase Modulation (PM), Bi-Phase Shift
Key (BPSK) and Quad-Phase Shift Key (QPSK) and contain multi-band tuning heads
which cover both L-band and S-band. The combiners are capable of simultaneous pre-
detection and post-detection and a signal-to-noise-improvement of 2.5 dB. For typical
mission support, the combined post-detected or ‘video’ output is distributed to a feed-
through patch panel and sent to a VME chassis containing 8 bit synchronizers. One of the
bit synchronizers will be used to derandomize the telemetry data and generate a clock
before it is input into the best source selection system.

Figure 3. Telemetry System S-Band Performance (Range vs. EIRP)

Best Source Selection

To ensure that ExTRA provides the best possible telemetry data, the range tracking site at
DPG will accommodate two independent telemetry ground stations. The primary tracking
system will be the DFRC 9-meter antenna. The MOF will be considered the backup
system, but it is expected to provide favorable runway coverage. As the vehicle
approaches DPG, a method for logically identifying the best telemetry source between
these two systems is required to eliminate the cost of a parallel transmission link to
processing systems located at EAFB and to reduce unacceptable time delays on best
source data coming from the EAFB best source selector. Additionally, due to the
relatively short flight, an automated system that maintains minimum operator
intervention is essential.
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To attain these objectives, the 9-meter system will forward received telemetry data to the
MOF where it will be inserted, along with data acquired by the MOF, into a
Programmable Telemetry Processor (PTP). A PC-based, multi-channel telemetry and
command processing system, the PTP logs the number of good frames received within a
certain specified sample period and based on the differences in the frames acquired,
determines which stream is the ‘best’ source. Frames from the best source data are time-
tagged with IRIG-B timing and distributed to a PC-based decommutation system, digital
recorder and range data communications network for transport to EAFB. The report, X-33
Telemetry Best Source Selection, Processing, Display, and Simulation Model
Comparison, [2] gives specific information concerning the extended test range best
source selection system.

Data Processing and Display

Once best source selection has been accomplished, a PC-based system running
Windows NT is used to decommutate the telemetry data and display critical vehicle
parameters for the RSO. The parameters include: Mach number, vehicle altitude, vehicle
attitude, vehicle angle of attack, vehicle subsystem voltage and current monitoring and
Flight Termination System (FTS) measurements. Global Positioning System/Inertial
Navigation System (GPS/INS) data is also extracted from the telemetry stream and sent
over Ethernet to the Test Evaluation Command and Control System (TECCS) and the
Instantaneous Impact Prediction (IIP) system network, located in the RSO station.
TECCS uses the GPS/INS information, along with data received from various
instrumentation radars, to display the vehicle’s location. Flight path parameters (airspace,
glidescope, runway alignment) and safety criteria (areas of population, loss of vehicle
communications) are also shown on the TECCS display. The IIP system calculates and
displays post-FTS impact points for an intact vehicle and a footprint of the post break-up
debris field for the RSO to monitor prior to and during the flight.

By utilizing the RSO station display information, the RSO can make determinations
concerning the vehicle’s health and, if required, terminate the vehicle via the RSO
station’s flight termination panel, which is connected to independent Command Transmit
Systems (CTS). The RSO station’s processing and display systems are detailed in the
report, X-33 Telemetry Best Source Selection, Processing, Display, and Simulation Model
Comparison [2].

Communications

In support of X-33 range operations, the MOF will act as the communications hub for the
DPG range tracking site and perform all data transfer between site subsystems.
Furthermore, the MOF will provide access to transmission and receiving equipment for
data transport between the other extended test range locations.



Data transfer within the landing site is achieved via a fiber optic infrastructure. The MOF
is equipped with a 72-port fiber interconnect allowing access to a number of fiber optic
RS-232 multiplexers, video transceivers and T1 line drivers. The RS-232 multiplexers
transmit and receive serial information, such as uplink, radar/acquisition and Differential
GPS (DGPS) data, between the various range tracking site subsystems. The T1 line
drivers are responsible for transporting T1 data, such as bridged TECCS, intercom, range
data communications network and best source telemetry data, coming into or leaving the
site by way of two independent, mobile digital microwaves and a DPG fiber optic
interface.

The range data communications network is the primary link for data communications
between the DPG range tracking site and EAFB. This T1 network supports the following
data:

• Radar/acquisition data
• Voice
• Uplink command
• FTS activation and status
• DGPS integrity checking
• Computer network
• Status monitoring and control

Due to the number and varying data types supported by the network, the MOF is
equipped with an integrated access system or ‘smart multiplexer’ that accepts multiple
T1s and performs DSO-B protocol for sub-rate multiplexing, voice compression, non-
blocking switching from any T1 channel to any other T1 channel or sub-rate port and
V.35/RS-530 high speed access for network data. Through these multiple cross-connect
and drop and insert capabilities, the smart multiplexer increases the network’s bandwidth
and reduces the amount of communications equipment required for mission support.

A digital communication node in the MOF provides on-site and off-site voice
communications. The node connects to multiple user stations within the range tracking
site using the fiber optic infrastructure. For off-site communications, the node is tied into
the range data communications network via the smart multiplexer. In addition, hand-held
radios linked to a base station in the MOF provide communications to remote locations at
DPG. The base station will also be connected to the range data communications for
transmission to EAFB. Figure 4 details the MOF’s communication layout.



Figure 4. MOF Communications Layout

Uplink

The MOF maintains an uplink command and control system to provide DGPS, FTS and
subsystem control data to the X-33 vehicle. The uplink system receives 9.6 Kbps
synchronous RS-232 data and converts it to TTL BIφ-L. The data is then filtered,
attenuated and passed to a command modulator. Redundant 50 watt power amplifiers
receive the modulated L-band signal from the command modulator and radiates the
uplink signal through the 6 foot telemetry antenna (at 77.1 dB EIRP). Simultaneous
telemetry reception and uplink transmission is accomplished using a specialized
circulator and filtering network located in the antenna feed assembly.

Differential Global Positioning System

The DGPS in the MOF consists of a redundant set of DGPS receivers and Integrity
Monitors (IM). The DGPS receivers create a differential correction using GPS
constellation signals and their National Imagery and Mapping Agency (NIMA) surveyed
location. The IMs also receive the corrections to validate the receiver’s data integrity. If
the calculations are valid, the differential corrections are sent, over the range data
communications network, to the various uplink command and control systems located
throughout the extended test range, including the uplink system in the MOF. The uplink
radiates the corrections to the GPS/INS on-board the vehicle. The GPS integrates the
calculations, determines a more accurate position and supplies the positioning
information to the INS to remove the effects of INS drift. To ensure system integrity, a
Control Station (CS) monitors both the DGPS and IM receivers. If the limits of the
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different parameters exceed preset boundaries, the CS sets off warnings and alarms. An
operator in the MOF is then able to determine an appropriate action.

Recording

Data recording is a two step process. First, a serial data multiplexer utilizing a sampling
technique that maintains minimum channel-to-channel skew multiplexes up to five high-
speed channels, ten low-speed channels, 2 audio channels and 1 IRIG timing channel and
outputs a composite 32 Mbps data stream. The packetized data stream is then sent to a
buffered Very Large Data Storage (VLDS) digital recorder for high-speed recording on
low cost ST-120 cassettes. Each tape provides approximately 13.6 Gbytes of storage
space, which allows 3.5 hours of uninterrupted recording. The MOF also contains a
digital voice recorder to record range voice networks, vhf radio and phone circuits
supplied by the communications node. The voice recorder is in place for playback and
range safety purposes.

Video

With a number of fiber optic video transceivers, 21-inch monitors and a flexible video
distribution switch the MOF is able to receive, transmit and display multiple video
sources. Presently, the MOF receives and displays video from two optical tracking
cameras located near the landing site runway, launch site video from EAFB via an
external satellite link and three local antenna boresight cameras including a camera
mounted on the MFTS antenna. Recording onto VHS tape is provided for post-mission
analysis and logging.

Test Equipment

A portable test and calibration rack in the MOF, including a spectrum and network
analyzer, oscilloscope, power meter, Bit-Error-Rate (BER) test set and signal generator,
supports system validation and troubleshooting. Open and closed loop BER testing, as
well as antenna and receiver calibrations are performed utilizing the provided test
equipment and a portable boresight system.

CONCLUSION

Although structured upon a dependable telemetry acquisition and receiving system, the
MOF has been designed to provide a number of additional communications services in
support of ExTRA. As a result of these services, the extended test range receives a
marked increase in responsiveness, flexibility and efficiency. Due to the fact that the
MOF furnishes a central location for data to be collected, distributed, processed and
displayed, range tracking and processing facilities are no longer required to support



independent, long-range transmission and receiving systems. Furthermore, the MOF’s
ability to provide access to several data transport systems reduces the amount of
reconfiguration required by each subsystem to interface with range assets. Finally, by
supplying back-up telemetry and uplink coverage at DPG, the MOF increases ExTRA’s
reliability and reduces the chances of a single-point-of-failure.
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REMOTE CONTROL OF
TWO AXIS

AUTO-TRACKING TELEMETRY ANTENNAS
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ABSTRACT

Due to Cost and Safety considerations the Range Division of the 412th Test Wing is
upgrading remote telemetry (TM) antenna sites to be operated and monitored remotely.
This is possible, in part, due to the installation of fiber optic cable, and the use of ATM
communications protocol. Both of these applications significantly reduce signal latency
from the remote control station located at Ridley Mission Control Center (RMCC) and the
Antenna site. This paper discusses the challenges associated with controlling these
sophisticated systems remotely. We will also describe the decisions and how they were
made, the concerns over system performance, and the impact to other systems. This paper
also addresses the technologies chosen to support the requirements and overcome the
challenges. The benefits of remote range sensors are also discussed. We will provide top-
level block diagrams of the system architecture.

KEY WORDS

Auto-Tracking, Antenna Control Unit (ACU), Positioner, Fiber Optics, Asynchronous
Transfer Mode (ATM), Communications

INTRODUCTION

The 412th Test Wing, Range Division at Edwards AFB is currently upgrading the telemetry
tracking capability at three of its remote sites. The upgraded capability involves upgrading
the antenna, positioner and remote controlling the tracking operations to the Ridley
Mission Control Center (RMCC) located at Edwards Air Force Base Base. The three sites
are: Leuhman Ridge, 16 statute miles from main base; Shadow Mountain tracking facility,
31 statute miles; and a mobile system that will be located as needed at the Goldstone Deep
Space Tracking Network (Ft. Irwin) property approx. 65 statute miles away. The concept
of remote control is not new nor is it difficult. Most commercial off the shelf (COTS)



telemetry tracking equipment available today has software routines available to allow
remote control. The difficulty with antenna tracking systems is the real-time need to
(re)acquire targets and the inherent latency with command and response of the antenna
positioner. The latency over the physical communication media (copper, fiber, or
microwave) is negligible. Delays have historically been encountered in the transmission
and reception equipment linking the tracking facility with the remote facility or the fact that
only low speed transmission resources were available.

REMOTE CONTROL REQUIREMENTS

Three areas must be considered when remoting a telemetry tracking facility:

• Front-end set-up and pre-mission test
• Operations
• Data Retrieval

Each of these three functions demands their own set of requirements. Front-end set-up and
pre-mission tests are typically performed on a boresight tower that is not moving and is
completed with little or no time constraint. The same is true of closed loop system and
direct injection tests. Solar calibrations are also performed with no time constraints,
however high latency due to manual positioning inputs could make these calibrations more
time consuming and frustrating. But again, Solar Calibrations are performed without any
strict time requirement and can be performed at almost any time.

There is also a requirement to interact with a many different and individual pieces of
equipment need for specific mission support. The telemetry support equipment is usually
set-up 1-2 hours prior to the actual mission. This equipment includes but is not limited to:

• Positioners
• Bit Synchronizes
• Receivers
• Combiners
• Test Pattern Generators
• Link Analyzer
• Boresight Transmitters
• Power control units

The software and more importantly the time required sending commands could greatly
exceed the maximum allotted latency.



Real-time operations of the antenna positioner are highly interactive and require low
delays, on the order of 50 milliseconds (msec). When an operator moves the joystick or
the thumb-wheels the positioner must move with no perceived delay.

Another consideration is the coherency of the tracking aid data (tracker video and error
signal) that the operator is using to acquire a signal. The feedback from the remote antenna
system most also be minimized to ensure the target is where the operator perceives it to be.
While the operator is acquiring the target signal they will switch between tracking aids.
Therefore, the error data and the video must be synchronized. In this system design the
real-time equipment being controlled is only the antenna control unit (ACU). Also, the end
equipment in place has been minimized to reduce cumulative latency. The communication
protocol used for this interface will play a large role in the total delay experienced in the
remote command function.

Providing error free data is the mission of the telemetry tracking facility. The information
from the target must be linked to the mission control facilities in real-time, providing low
latency and high reliability. The telemetry data stream is typically a PCM serial data
stream that is isochronous to the communications system. Reliable data is possible with
delays of a few to a few dozen milliseconds, depending on the data rate.

COMMUNICATIONS

To satisfy the above requirements we will be using the Asynchronous Transfer Mode
(ATM) communications protocol and associated end equipment.

The AFFTC Range Division is upgrading its data communications systems (Figure 1). The
upgrade incorporates an ATM/Synchronous Optical Network (SONET) hybrid backbone
system running at OC-12c, 622 Mb/s. This provides connectivity between the tracking and
mission control facilities as well as the main range communication hubs at Edwards. The
ATM edge switches, that is the switches deployed in user facilities, support various
communications rates and protocols. The edge switch converts the user data into ATM
cells for transport and reassembles the data at the output end in the same format.

The use of ATM and SONET provides very efficient high speed/low latency
communications. The ATM cells give us the ability to prioritize and therefore ensure the
immediate transfer of data with minimum delay. In the ATM network, most of the delay is
in the Segmentation and Reassembly (SAR) process of the transport. Therefore, larger
Ethernet packets will take longer to ingress and egress the network. The delay experienced
in this type of connection is expected to be between 4 and 20 msec roundtrip. As a design
consideration of the remote control software, all Ethernet messages should be kept as
small as possible. The second set of circuits required for remote controls are the hand



Edwards AFB ATM/SONET Communications Ring
FIGURE 1

wheel and joystick inputs into the remote site antenna positioner. These circuits will have
input from the antenna controller as analog signals, then into an analog to digital converter
for minimum rates of 56 kilobits per second (kb/s). The delay of a 56 kb/s serial data
stream will be between 10 and 20 msec across the network. These delays are expected to
be tolerable to the antenna system operator.

FRONT-END SET-UP AND PRE-MISSION TEST

The Prototype remote control telemetry site the Range is upgrading is the system located
on the peak of Leuhman Ridge. The system is composed of a 14-foot dual axis auto-
tracking antenna with dual opposed drives. We use 5 receiver sets with dedicated bit
synchronizers for each set. A Signal simulator and Link analyzer will also be used for pre-
mission checks and antenna calibrations.

The Receivers, Bit Syncs and test/calibration equipment will all be controlled/monitored-
using IEEE-488 communications using the local control PC. The Antenna Control Unit,
Bore sight camera and power controllers will be controlled using RS-232. The ATM
Concentrator does not accommodate RS-232 communications directly. This requires the

OC-12
Unidirectional
Path Switched

Ring

5790
Cellworx

AAC-3

Pt. Mugu
VAFB

4970

F-16
Bldg. 1635

F-22

JSF

JSF

AAC-3

AAC-3
AA

FastLane

TM
Site

Downfall
AAC-3

AAC-3

South
Base

Video

4987
AAC-3

Cine 1

Cine7

Cine 16

Video

5780
Cellworx

RMCC
Cellworx

Video

Cine 9

China
Lake

Leuhman
Ridge

Cellworx

Video



use of a Channel Bank that will bring the rate to a T-1 level, which will then be sent to the
Concentrator.

A dedicated communications circuit will be provided across the range communications
network for each tracking facility. By assigning a dedicated circuit to each facility, two
things can be assured. First, the bandwidth is available on the network to support any setup
activities required. Second, no other activities will interfere with operations at a particular
site. Another benefit of using the Ethernet network is that all equipment interfaced through
Ethernet, or via terminal servers, serial interfaced equipment can be commanded and
controlled over this circuit.

The equipment controls are displayed on the computer monitor in the equipment vendor’s
format, using their software. For equipment that uses less sophisticated software a
Graphical User Interface (GUI) was created for the ease of the operator. The GUI
software utilized is Visual Basic 6.0.

Since test aircraft typically keep the same instrumentation package for many missions our
telemetry ground equipment setup are stored in files tagged to the aircraft to be tested.
These files make it quicker and less risky when configuring the equipment for mission
support.

For pre-mission tests a signal simulator and link analyzer are used to verify our ground
equipment operation. The signal can be transmitted from a bore sight antenna or through
direct injection using directional couplers. The test results are then returned via the
Ethernet and ATM to the operators console (Remote Control PC) for evaluation and
recording.

The antenna system is equipped with warning lights and horn to prevent injury to
personnel from inadvertent operation from the remote control PC.

OPERATIONS

Several circuits may be required to support the operations of the remote tracking facility. A
dedicated Ethernet connection will be used to interface the controller computer with the
remote control computer located in Ridley Mission Control. The Ethernet communications
will be used for front-end equipment setup, calibrations and maintenance. The local control
computer will also poll the equipment for status and return that information to the remote
control PC. Upon power-up the local computer at the tracking site waits for
communications with the computer located at Ridley to be established. Control of the
antenna site equipment can be transferred between either site at any time from either side.



In the event of a communications failure the local computer will assume control until
communications have been reestablished.

The antenna tracker video image, used by operators to track the aircraft, is displayed on
the operator’s PC display using a video insertion card. Also, on the operator’s display are
the telemetry receiver AGC levels. The AGC levels can be displayed in user configurable
graphics (bar graphs, numeric values, etc.). Above the Remote Control PC and below the
operators PC monitor is the tracking error indicator, or meatball.

Below the Remote and Local control PCs are the thumb-wheels used for manual position
inputs to the antenna positioner. The joystick is mounted in a enclosure enabling the
operator to move it to a comfortable position.

Should the communications fail, technicians at the antenna site can operate all the systems.

Remote Site Control Interfaces
FIGURE 2
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DATA RETRIEVAL

When the target signal has been acquired and the data received it is returned to Ridley
Mission Control for decryption, processing and display in one of the mission control
rooms. This is accomplished using the same concentrator equipped with an adaptive rate
telemetry interface card. The adaptive rate card takes as input the PCM telemetry data
from the bit synchronizers at rates from 500Kb/s to 5 Mb/s. Testing is underway to
increase the maximum rate to 25 Mb/s.

Video data from the antenna-mounted camera is also returned via the concentrator. The
video is first digitized using a video adapter, which has the capacity for a maximum of 7
video streams without compression.

The telemetry equipment status is also returned over the fiber-optic network from the
concentrator. The Ethernet connection passes all the equipment status to the operators
console. The operator can then verify system set-up. The antenna site calibrations are also
recorded at the operator’s console along with system performance.

CONCLUSION

Remote site operations by remote control can greatly reduce costs to customers as well as
make working conditions safer for the operators. Being able to bring a site on-line without
requiring a 2-hour drive greatly increases our flexibility and readiness.

Because of the vast improvement in communications technologies and the high reliability
of modern telemetry equipment, remote control is an attainable goal.

All brand names and product names are trademarks, registered trademarks, or trade names
of their respective holders.
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Abstract

As the flight test community moves into the 21st century, the ever increasing demand for
higher telemetry data rates and the need to transport additional data types is becoming the
challenge of every flight test range. The evolution of the flight test range has grown from
low telemetry data rates and a few 2400 baud tracking sources into high-speed telemetry,
GPS based tracking, networking, digital video, and more. Recognizing the need to change
the way data is managed has resulted in an effort to redefine the work centers at the Air
Force Flight Test Center (AFFTC) at Edwards AFB. The Technical Control Center
(TCC) within the Ridley Mission Control Center at Edwards AFB is currently being
relocated with the intent of achieving tomorrow’s vision, while supporting the missions
of today. One major goal of this redefinition is the elimination of as much analog
transmission equipment as possible in favor of digital transmission. The new digital range
requires management of data and allocation of that management in different ways than
the past. Moving to an all-digital range has advantages that are just now being realized.

This paper outlines the current and future design, configuration, maintenance, and
operation of the TCC and touches on how some of the other range functions are
impacted. In addition, the challenges and benefits of implementing the next generation in
range communications will be discussed.
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Introduction

The function of the Technical Control Center (TCC) has historically been the hub for
range communications between all mission control facilities, remote ranges, and range
sensors. Although the role of the TCC will likely remain, the operational methodology is
undergoing a tremendous shift. The past has been filled with a large number of systems
operating in point-to-point modes with distributed network operations and management.
The new system being implemented at the Range at the Air Force Flight Test Center
(AFFTC), Edwards Air Force Base (AFB), is offering a dramatic change to the
distributed nature of network management on the Range. The new concept allows the
TCC to serve as network managers in the more traditional sense, allowing the
provisioning, connection, disconnection, maintenance, and troubleshooting from a central
location. This paper addresses some of the old technologies and processes along with the
new technologies and processes and the benefits of the new system.

Past Operations

The TCC at the AFFTC Range has many functions; paramount is the responsibility for
managing communications links between mission control facilities, range sensors, and
remote ranges. Currently, there are nearly 30 distinct systems that must be managed
separately. These systems carry mission critical information for range operations
including:

• Telemetry
• Voice
• Video
• Time Space Position Information (TSPI)

• Radar
• Global Positioning System (GPS)
• FAA Air Surveillance Radar

• Network
• Flight Termination Command and Control
• Uplink
• Remote System Command and Control

Over the past several decades, the communications systems at Edwards have grown as
point solutions, each adding another patch to the quilt. Several systems are required for
backbone services, several systems required for access to the backbones, and separate and
unique systems for switching the various types of data. Requirements have increased to
the point where more patches must be added to the quilt, or a completely new system
could be added to meet the requirements that will satisfy both near and long term needs.



As an example, consider the early digital transmission of telemetry at medium bit rates (<
6 Megabit per second [Mbps]). These streams were transported over DS-2 (6.312 Mbps)
smart multiplexers. These data rates were supported over analog microwave links with a
10 to 12 Megahertz bandwidth. For transport around the range, the DS-2s are multiplexed
up to DS-3 (44.736) data rates. Later generations of the smart multiplexer supported
transmission directly at the DS-3 rates. The current configuration of data communications
at Edwards supports the DS-3 smart multiplexers, the DS-2 smart multiplexers, DS-2 to
DS-3 multiplexers, and DS-3 transmission systems.

In addition, with the architecture supported, nearly all telemetry streams must be
transmitted from the tracking site to the Mission Control Center (MCC) to the final
destination. Typical configuration at the MCC is to demultiplex the telemetry stream to
the lowest rate and patch to the transmission system to the final destination. This system
is very hardware-intensive and requires much personnel interaction at several locations.

New Range Communications System

The Range at the AFFTC is implementing a new system. An overview of the system is
provided here, more detail is provided in the referenced papers.

The new system introduces new technology to communications as the backbone system.
The Range at Edwards served as a beta trial site of the Cellworx Service Transport Node
(STN) for ADC Telecommunications. The Cellworx product provides an Asynchronous
Transfer Mode (ATM)/ Synchronous Optical Network (SONET) hybrid solution that
allows for much more efficient use of bandwidth. Access to the backbone is currently
through ADC Kentrox ATM Access Concentrators (AAC).

The beta trial was composed of four Cellworx nodes with six AACs attached at various
points around the network. The beta trial proved to be successful to the point where the
AFFTC Range has purchased the system and is in the process of bringing it into
operations. The system is expected to have 5 or 6 Cellworx nodes and between 20 and 30
AACs connected for user access. Figure 1 shows the configuration of the system during
the beta trial.



Figure 1 - Beta Trial System Configuration

Future Operations

Operations of the TCC are about to undergo a tremendous shift in capability and in
operational support. The shift can be seen in four areas:

• Communications architecture shift
• Network management
• System scheduling
• Merging of transmission and switching capability

The insertion of new technology provides a marked increase in responsiveness,
flexibility, and efficiency.

Communications Architecture Shift

In the past, nearly all communication lines were hubbed in the TCC and switched
somewhere in the MCC. The star architecture, with the MCC at the center, required that
data from one point in the star to another be transmitted via point-to-point links to/from
the MCC and switched between the points. The data was then subject to failures and
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configuration problems at many points in the circuit path. In the star configuration, no
possibility exists for redundant links.

Using the Cellworx provides a ring network architecture that provides the capability to
create a virtual mesh architecture allowing the operators to accept data at one point in the
network and deposit it at only the required location(s). The need for intermediate circuit
termination and switching is greatly reduced.

Network Management

Most of the transmission equipment currently in use at the AFFTC range requires front
panel control and management. The Cellworx and AAC system will allow for remote in-
band management and out-of-band backup management capability. With the new system,
the responsibility of troubleshooting and maintenance of Range communications is
reduced to fewer personnel, reducing the cost of range operations.

In the same telemetry example used above, the efficiency, hardware requirements, and
personnel interaction are greatly reduced. With a pre-wired system, a system operator can
perform the configuration of the data stream, from input to output, from a central location
via software command.

System Scheduling

System scheduling is impacted in an interesting way. No longer is the system bound by
traditional channel limitations. Instead, there is a definite trade-off of channel capacity
and number of channels. In the ATM system, bandwidth can be dynamically allocated to
application based on need. Missions (real-time, simulated, or constructive) are allocated
bandwidth and channel resources; the system can support the mission until either of the
resources are expended. As the system grows, the number of ports may grow; however,
the bandwidth on the backbone will not. As missions are completed, their bandwidth can
be reallocated to other missions using either the same or different ports.

For efficient use of the network resources, the scheduling system must adapt to the
capabilities provided. To continue under the same paradigm, the network will not operate
at peak efficiency. As part of the network, there will be a portion of the network that is
allocated to permanent applications, such as voice trunk lines, tracking support, and
situational awareness applications for general applications and range safety.

Merging of Transmission and Switching

The new range communications system at the AFFTC introduces new technology into the
range application. One of the benefits includes the ability to perform much of the



switching that is currently performed in dedicated data switches (i.e., Voice, TSPI, Video,
Telemetry) directly within the transmission system.

As the system matures, the experience gained over time will determine the extent that the
embedded switching capability will be used in the transmission system. It is expected that
all switching in the MCCs will be performed using dedicated switches. However, using
the dedicated switches to perform trunking between facilities will be greatly reduced in
favor of broadcasting data directly from the transmission backbone.

Conclusion

The introduction of modern communications technology into the test and evaluation
range impacts more than the operations of a particular system. In the case of the
ATM/SONET hybrid system being installed at the AFFTC Range, whole work centers
are being redefined. Systems that have been thought as being completely separate in the
past are now being melded to provide a very efficient comprehensive capability.

As a result of these shifts, many range functions will be impacted. Resource management
of all systems must become more coordinated to take full advantage of the technology.
Range resource managers must have a better understanding of the capabilities to become
more efficient. An example is trunk bandwidth between bases. Instead of dedicated
bandwidth for each mission or type of mission (real-time or modeling and simulation),
the bandwidth can be shared. However, the impact is that the bandwidth must be
scheduled. Modeling and simulation efforts now must schedule the test times and share
the resources. In the past, modeling and simulation efforts did not necessarily schedule their efforts.

Tremendous cost savings can be achieved if the processes are able to adapt to the new
technology. The longstanding methods and mind sets of dedicated resources for each
mission regardless of cost must be replaced with emphasis on large cost savings through
sharing of resources with the risk of schedule deconfliction impacts.
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ADVANCED SIMULATION TOOLS TO MODEL AND ANALYZE
OPERATIONAL ENVIRONMENTS
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ABSTRACT

Advances in high-level architectures in both hardware and software now allow 3D
software modeling and interactive simulation to be done from the desktop computer. This
paper will address the increasing demand for 3D software modeling and simulation
applications throughout the aerospace industry, what kinds of tools are currently
available, how operational data is being used in real-world applications, and how to
couple real-time data with terrain models and simulation tools to model and analyze
operational environments.

The following specific areas will be addressed:
•     The creation of real-world environments by merging virtual objects and ground data
with interactive simulation and advanced graphics.
•     Recent advances in software modeling and simulation tools, which mirror general
industry trends.
•     The ongoing effort to establish standards for modeling and simulation applications
throughout the aerospace industry.
•     Examples of applications using high-level architecture-enabling technology like the
visual display of detailed terrain data, drag-and-drop imagery, the enhancement of
graphical performance without compromising the quality of rendered data, and expanded
support for raster file format images.

INTRODUCTION

Visualization of space systems is quickly becoming a vital enhancement to a vast array of
engineering analysis tasks. Modeling space systems with commercial off-the-shelf
visualization tools is a practice of educators, engineers, policy makers, military decision-
makers, and even the casual space enthusiast. As the era of big-budget space programs is
coming to a close, many organizations can no longer afford to develop mission-specific
software in-house and are therefore seeking alternatives. With the continued decrease in
the costs of computer hardware to support these missions and the simultaneous increase
in the performance of this hardware, commercial satellite visualization software that can
be used for multiple missions is playing a major cost-reducing role in enabling both



successful and economically feasible space activities. More important than saving money
on a satellite mission, however, is that this visualization software has played an important
role in saving several actual satellites from mission failure. This paper will explain the
transition to and increasing importance of visualization software in the space industry and
offer several examples of how visualization software has saved both money and spacecraft from being
lost.

THE VALUE OF VISUALIZATION

Commercial off-the-shelf (COTS) visualization software that is stable, accurate, and
well-supported is becoming the key to the support of all phases of a satellite’s life – from
pre-launch to ground support for the mission through graveyarding of the satellite. The
transition from the use of expensive, in-house visualization software or extensive data
sets to this COTS visualization software has occurred rapidly over the past decade.

In the last five years, the world of visualization/visual computing has exponentially
progressed along a line from a few people spending large amounts of money for the
technology to a technology now affordable to virtually any aerospace professional,
including engineers, trainers, and educators. During this time, the cost of 3-dimensional
visual computing hardware and software has decreased dramatically as performance has
risen at an even higher rate. Five years ago, the ability to perform 3-D computing
required a $150,000.00 supercomputer, as this hardware was the only type of machine
with the ability to sustain the high demands that visualization places on the hardware. In
each of the past five years the performance of computer hardware has roughly doubled as
prices continue to drop as rapidly. The PC world, for example, has continued to
accelerate. PC performance used to double approximately once a year. Now, the
performance doubles every few months. Today, an aerospace professional can perform
visual computing with an $1800.00 graphics card, providing the performance of the
$150,000.00 supercomputer of five years ago with a significantly-cheaper price tag.

Thus, a change in space-systems analysis has occurred in the space industry within the
last few years. Aerospace professionals have gone from analyzing stacks and stacks of
data printed on reams of paper on their desks to the ability to visualize this data in two
and three dimensions with the click of a button. With this transition came a difficult
problem to overcome for the creators of the visualization software. Many entrenched
engineers dismissed the software as nothing more than large amounts of pretty pictures
with no real data behind it. Hence, studying the stacks of data was still the only way to
truly understand the satellite system. Changing this attitude proved very challenging.

For many engineers, simply using the software opened their eyes to the validity of the
tool as well as the many ways it can augment or enhance analysis or operational and
situational awareness. As a true example, an aerospace engineer worked with satellites in
highly elliptical orbits for over ten years. He clearly knew the shape and orientation of



these orbits as well as the traces of the ground tracks. However, it wasn’t until he used a
visualization software tool to trace the satellite’s path while viewing the orbit path from
the position of the satellite that he truly understood how the rotation of the Earth and the
change in the speed of the satellite at different locations actually create the ground traces.
This aerospace professional understood instantly something he could not visualize in ten
years of analyzing sets of numerical data with the help of this 3-D software.

For other engineers, however, the transition to the use of this simulation software took
much more convincing. Neither the better performance nor the decreasing cost of
computer hardware could convince many aerospace professionals to seek the analytical
value of visualization software. Slowly, however, the transition continues as visualization
continues to prove itself by saving space programs large amounts of money and time in
all phases of analysis. Three main areas in which visualization tools have been most
effective are in space systems design, simulation, and operation. Within these areas there
have been several instances in which the tools were so effective that even those people
most skeptical and critical of visualization tools have seen the value these tools have to
offer.

This paper will address the three main topics at which Satellite Tool Kit® (STK®) is
aimed to solve complex problems: operation, design, simulation. Each application will be
explained in terms of specific examples in which visualization software was used to solve
complex and sometimes time-critical problems in the space industry.

Effective simulations provide the foundation software tool for modeling a range of space
systems applications such as: satellite astrodynamics, long-term orbit predictions, lifetime
analysis, conjunction analysis, orbit determination, and orbit trajectory design. The suite
of additional functionality allows space systems analysis and visualization to be
performed for all phases of a space mission. Although the software is inherently a space
systems analysis tool, the visualization tools provide a unique and valuable perspective of
understanding complex problems in space systems modeling and simulation. Phases of a
space system cycle that STK tools have been applied include: concept development,
requirements, policy, integration and test, launch, operations, and de-orbit.

OPERATIONS ANALYSES USING SATELLITE TOOL KIT (STK)

The STK Professional (STK/PRO)™ software package provides several analysis tools in
the realm of astrodynamics which were used to solve the following real-world problems.
The following orbital propagators provide general to detailed orbital analysis capabilities:
Two Body, J2, J4, High Precision Orbit Propagator (HPOP™), and Merged Simplified
General Perturbations (MSGP4). The High Precision Orbit Propagator (HPOP), by
Microcosm Inc., is a high-accuracy orbit propagator that uses a set of high-fidelity force
models to generate satellite ephemerides. It uses the JGM2 Geopotential model for Earth



gravity and includes the effects of lunar and solar gravity, atmospheric drag and solar
radiation pressure. Five different atmospheric density models available for drag
modeling, which include: 1976 Standard, Harris-Priester, Jacchia 1971, Jacchia-Roberts
or a user’s own density model by providing a lookup table data file. STK/HPOP uses a
Runge-Kutta-Fehlberg method of order 7-8 to integrate the equations of motion. Each of
these analytical functions employs visualization tools to translate the vast amounts of data
into intuitive 2-D and 3-D simulations. For some missions, satellites have been saved by
these tools. The following examples demonstrate the power of visualization in all facets
of space-systems analysis.

TDRS INERTIAL UPPER STAGE

Analytical Graphics, Inc. (AGI) was contracted by NASA to use STK/VO, the Satellite
Tool Kit Visualization Option, to create a simulation of the Tracking and Data Relay
Satellite (TDRS) inertial upper stage and transfer orbit. AGI received the TDRS position
and attitude data and created the simulation of several spin-up maneuvers and torque
events. After creating the video and sending it to the TDRS engineers, AGI soon received
word that the simulation was incorrect because, during one segment, the spacecraft was
spinning in the wrong direction. AGI checked the simulation and determined that the data
was being visualized properly. The engineers then searched through their extensive data
sets and realized that they had a sign error in their data that had been there for months.
They did not see the error because there was really no way for them to see it within their
many rows of numbers. Using visualization tools enabled them to see the error quickly
and fix it before any major problems arose.

ASIASAT3 / HGS-1 MOON SWINGBY

The Asiasat 3 satellite was launched on December 25, 1997 aboard a Proton rocket from
the Baikonur Cosmodrome in Kazakhstan. The satellite was to provide television and
telephone service to a large portion of Asia. The launch sequence was executing as
planned until the second burn of the fourth stage failed. Designed to last 110 seconds, the
burn cut off prematurely after 1 second. This failure altered the path of the module,
preventing the satellite from attaining geosynchronous orbit. The satellite was deemed a
total loss by its owner, Asia Satellite Telecommunications Company Ltd., which
collected a $200 million insurance payment.

Engineers at Hughes Electronics Corporation, the manufacturer of the satellite, thought
differently. They reasoned that a new trajectory that would take the satellite around the
Moon would change the orbital parameters enough to make the satellite usable again.
Hughes obtained the title to the spacecraft, renamed it HGS-1, and quickly put its
engineers to work.



Using the STK/Navigator module, the engineers calculated the exact positions and
velocities of the satellite and the Moon and determined the precise fuel burns necessary to
increase the apogee of HGS-1 and to allow the satellite to perform a swing-by around the
Moon. Controllers fired the satellite's liquid apogee motor -- several times to raise it out
of its elliptical orbit of 350 kilometers by 36,000 kilometers (217 miles by 22,300 miles).
The final firing, on May 7, 1998, sent it on a 9-day round trip to the Moon. This
maneuver served to flatten the inclination of the satellite’s orbit and place it in a
geosynchronous orbit (fig. 1 and 2). The satellite is now usable for communications
purposes.

This example has shown how COTS products are indispensable to the space industry.
Because of the time-critical nature of the situation, custom-developing a solution was not
an option. Also, the cost of developing code in house to solve the problem would have
been greater than the total cost required to restore the satellite fully to use with COTS
software (which was less than $1 million). In the rescue of HGS-1, the flexibility of the
software was a critical factor, allowing the engineers to use it to solve a completely
unexpected problem in a minimal amount of time, saving millions of dollars in the
process.

Figure 1. Polar View of Moon Swingby Figure 2. Orbit Change Due To Lunar
and Geosynchronous Orbit    Swingby

                             

SOHO RECOVERY

On June 26, 1998, ground controllers lost contact with the SOHO spacecraft during
routine maintenance operations and the satellite went into Emergency Reacquisition
(ESR) mode. The ESR mode is activated when an anomaly occurs and the spacecraft
loses its orientation toward the Sun. When this happens, the spacecraft automatically tries
to point itself toward the Sun again by firing its attitude control thrusters under the
guidance of an onboard Sun sensor.



Based on the last telemetry data received from SOHO, engineers said it appeared most
likely that the spacecraft was slowly spinning in such a way that its solar arrays, which
generate power, either did not face the Sun at all or did not receive adequate sunlight to
generate power. On July 27, ground-based radio telescopes detected SOHO slowly
rotating near its original position in space. On September 16, SOHO obeyed commands
that turned its face toward the Sun (fig. 3).

After NASA re-oriented the spacecraft, an attitude control engineer created an attitude
file for STK/VO to represent the events that took place during the recovery maneuvers.
With the visualization capabilities of the software, NASA and ESA were able to stop the
spacecraft from spinning about the z-axis and re-orient the x-axis such that it was
properly aligned with the Sun vector.

Figure 3. SOHO ESR Mode

SHUTTLE-HUBBLE RENDEZVOUS

For another operational task, engineers at NASA used visualization tools during a shuttle
mission to determine when the shuttle and the Hubble Space Telescope would be aligned
in such a way that shadowing and blockage would be a concern. Two questions needed to
be answered by the simulation.  When will the shuttle shadow the Hubble by being along
the Hubble-Sun line and when, if at all, will the shuttle block the Hubble from viewing its
assigned target? When will the Hubble be between the shuttle and the TDRS, thereby
blocking communications by interfering with the RF between the two spacecraft?
Engineers visualized the scenario by viewing along the Shuttle-TDRS line to determine
communications interference and viewing along the Hubble-Sun and Hubble-target lines
to determine line-of-sight blockages.



LEONIDS RISK MITIGATION

As a result of the very publicized Leonids meteor showers in November, 1998, the space
industry and satellite operators have taken a more focused look at the possibility of
collisions caused by debris, meteors, and other spacecraft. Theories about what should be
done to prevent potential collisions with the Leonids meteors include certain spacecraft
maneuvers to minimize the impact potential. Simulation software allowed spacecraft
owners and operators to determine the best attitude profiles and maneuvers needed to
reduce the risk and severity of a possible impact. Potential solutions that reduced this risk
included: attitude maneuvers to reduce the amount of exposed area including the solar
arrays, orbit maneuver to change the orbit plane, and a spacecraft return to a non-
deployed solar array configuration. Although there were no reported cases of satellite
damage due to the Leonids shower, several spacecraft did perform some action to reduce
the risk and many more studied their options before the event occurred.

The Leonids risk mitigation analysis (fig. 4) shows a view in STK/VO looking along the
vector from the Leonids meteors toward the satellite. This view shows that a large portion
of the solar arrays are exposed to the incoming direction of the meteors. In fig. 5, the
satellite has rolled the solar arrays approximately 30 degrees. This roll minimizes the
exposed area to the incoming Leonids meteor shower. This configuration still provides a
Sun incident angle that could adequately maintain the on-board electrical system during
the height of the storm.

Figure 4. Leonids-to-Satellite View – No Risk Mitigation Action



Figure 5. Leonids-to-Satellite View

Figure 6. Sun Vector-to-Satellite View

SOLAR GLINT PROBLEM

A graphical/analytical technique was devised using visualization tools to determine the
cross-sectional area of the solar panels of a satellite that are exposed to the Sun at any
given time or over a given time interval, such as an orbital period. The result of this
exposure modeling can be used to determine varying availability of electrical power for
operations to be performed by the spacecraft and on-board apparatus.

The shape and orientation of solar panels on a satellite vary greatly depending on
spacecraft design and mission constraints. Optimal solar energy collection occurs when
the flat solar panels are perpendicular to the Sun vector from the satellite. At any given



time during an orbital period, however, only a percentage of this optimal exposure is
achieved, based on the incident angle with respect to the Sun and shadowing of the solar
panels from the parent satellite as well as other objects. This information is vital to any
satellite orbiting the Earth or any interplanetary mission, as power requirements must be
met to ensure no delay or shutdown in satellite operations.

Traditionally, calculation of the exposure ratio to optimal exposure is accomplished by
applying inherently-complex mathematical operations to vast amounts of spacecraft and
orbit data. This process does not provide a reliable and intuitive way to analyze the data.
Visualization of this data is imperative during the satellite and orbital design phase of a
mission.

First, a model of the entire satellite, including solar panels, is created within the graphical
tool. The total number of pixels represented by the area of the solar panels at optimal
exposure is then calculated. The desired orbit of the satellite is then created and the
simulation is run, frame-by-frame. At each frame, the total number of pixels representing
the solar panels that are exposed to the Sun are calculated, taking into account blockage
of any of these pixels along their lines-of-sight with the Sun by any parts of the parent
spacecraft or any other objects (figs. 7 and 8). The ratio of the percentages of total pixels
exposed to the number of pixels exposed during optimum is determined for each time
step throughout the time interval. These ratios are then graphed and, combined with
incident angles with respect to the Sun, solar panel specifications, and related power
generation and storage apparatus information, the mission planner can determine which
time intervals are best suited to operations requiring electrical power.

Figure 7.  Solar panel partially- Figure 8.  Actual satellite model
Obscured by antenna Showing panel obscuration

                                    



AIRCRAFT VISUALIZATION

A final example of how visualization software is changing the way space-systems
analysis is done deals with enhancements of simulations done in near-surface space. By
modeling the flight paths of planes in a 3-D environment, flight engineers can more
intuitively understand all aspects of a particular mission.

For example, seeing a flight path of a plane on a 2-D map will show the latitude and
longitude of the flight path over the time interval, but not the altitude. Altitude plays a
vital role in most missions. For example, for a mission in which a plane is to fly through a
radar-protected area, the 2-D map will show when the plane is within the horizontal
limits of the radar zone. A 3-D visualization of the same scenario may also show when
the plane is below the radar detection zone in altitude, thereby avoiding detection over a
given time period.

An additional tool used for visualization is the display of detailed digital terrain elevation
data (DTED) overlaid on the globe. Creating a flight path in which a plane must stay a
certain altitude at all times during a mission underneath a threat dome is much more
easily realized with the use of a simulation tool. For example, the ability to see the flight
path of the plane from the viewer position on or directly behind the plane along the
velocity vector greatly enhances the ability of the flight engineer to plan a flight in which
the chances of detection are minimized. Imagery data can also be added over terrain data
using simple drag-and-drop techniques to further enhance the mission site (fig. 9).
Because of the advancements in hardware over the past decade, any degrading effects on
the quality of the rendered data are practically non-existent.

Figure 9.  Imagery overlaid upon terrain provides a
realistic view of a fighter’s flight path.

                      



CONCLUSION

Advances in high-level architectures in both hardware and software now allow 3-D
software modeling and interactive visualization and simulation to be done by many
aerospace professionals using inexpensive desktop computers. The previously addressed
examples show that visualization is a key enhancement to all aspects of science mission
planning and operations. In many instances, simulations which go beyond the large data
sets allow a more intuitive view of what the data represents, allowing space professionals
an unprecedented modeling environment from which to view their satellite system.
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ABSTRACT

Today’s large-scale signal processing systems impose massive bandwidth requirements
on both internal and external communication systems. Most often, these bandwidth
requirements are met by scalable input/output architectures built around high-
performance, standards-based technology. Several such technologies are available and
are in common use as internal and/or external communication mechanisms.

This paper provides an overview of some of the more common scalable technologies
used for internal and external communications in real-time data acquisition systems. With
respect to internal communications mechanisms this paper focuses on three ANSI-
standard switched fabric technologies: RACEway (ANSI/VITA 5-1994), SKYchannel
(ANSI/VITA 10-1995) and Myrinet (ANSI/VITA 26-1998).  The discussion then turns to
how Fibre Channel, HiPPI, and ATM are used to provide scalable external
communications in real-time systems. Finally, glimpse of how these technologies are
evolving to meet tomorrow’s requirements is provided.

KEYWORDS

Scalable, RACEway, SKYchannel, VME, Myrinet, Fibre Channel, ATM, HiPPI, HIPPI,
RAID, data acquisition, bandwidth, interface, switched fabric.

INTRODUCTION

Many times in data acquisition systems, single data streams of up to 80 Mbytes/second
need to be received by a processing system, stored, pre-processed, and passed on to a
generic workstation. This generates a 160 Mbytes/second external real-time I/O
requirement (80 Mbytes/sec in and 80 Mbytes/sec out). Performing the operations



mentioned also generates a 240 Mbyte/second internal rate (input to memory, memory to
storage, memory to pre-processing, pre-processing to output). For such a system to
properly function, at least 240 Mbytes/second of real, useable, deterministic internal
bandwidth is needed. Traditional bus architectures such as VME make it nearly
impossible to achieve such through put.

INTERNAL COMMUNICATIONS MECHANISMS

Scalable, Deterministic Bandwidth and Switched Fabrics

For many years data acquisition systems have relied on system busses for the transfer of
data between boards in real-time systems. Use of a single shared resource has several
drawbacks in high-performance real-time systems. First, boards in the system must
compete for use of the single data transfer mechanism making response time difficult to
predict. Secondly, the system bus offers only a limited total bandwidth. The 40
Mbytes/second (achievable) bandwidth available in VME64 systems is simply not
adequate for today’s systems. Furthermore the 200 to 500 Mbytes/second theoretical
maximum of PCI and VME320 is still not adequate for many systems in development
today.

One answer to this unquenchable desire for bandwidth is the scalable bandwidth offered
by switched fabric architectures. A switched fabric architecture provides multiple,
dynamically switched data paths all of which can operate simultaneously. In such
architectures, internal bandwidth scales with the number of boards in the system. Several
switched fabric architectures are available today that offer from 8 to 16 data paths each
operating at 160 to 320 Mbytes/second, with total internal bandwidths up to 4.256
Gbytes/second. Additionally, the system designer can guarantee that bandwidth will be
available between two critical real-time functions, which is not always the case in
systems that rely on system buses for data transfer. RACEway/RACE++TM, SKYchannel
and Myrinet architectures can be used for such scalable bandwidth.

RACEway/RACE++

The RACEway specification (ANSI/VITA 5-1994, see references) defines a standard
usage of the VME P2 connector’s A and C rows (“User Defined” pins in the VME
specification) to provide an additional, high-speed mechanism for transferring large
volumes of data between boards.  RACEway uses these pins to implement a dynamically
switched, point-to-point interconnect system, also known as a switched fabric. Since
RACEway uses only P2 rows A and C, it can operate concurrently with VME or VME64
operations. In fact, since all RACEway connections are point-to-point it operates more
reliably with VME64. Maximum internal bandwidth in16 slot RACEway system of 1.28
Gbytes/second (8 concurrent 160 Mbyte/second links).



Mercury Computer Systems recently introduced RACE++, a successor to their
RACEway architecture. It operates at a faster clock rate than RACEway (66 MHz Vs. 40
MHz) giving it an overall throughput of about 267 Mbytes/second per connection. It too
uses the A and C rows of the VME P2 connector to provide scalable bandwidth to the
system. With the 16 slot interconnect, RACE++ is capable of providing over 4.256
Mbytes/second of total bandwidth.

Today, RACEway and RACE++ equipment is readily available. System designers can
choose from a variety of Fibre Channel interfaces, signal processing boards utilizing the
latest PowerPC processors, and high-speed recorder interfaces, to name a few. Memory
boards are also available that can provide up to 2 Gbytes of storage in a single VME slot.

Architecture:

The central element of a RACEway or RACE++ interconnect system over VME is the
Interlink. The Interlink is a crossbar switch that establishes point-to-point connections
between boards in a VME/RACEway environment. Physically, the Interlink is an active
P2 overlay that mate to the rear of a VME backplane. Interlinks can encompass a variable
number of slots; 4, 8, and 16 slot RACEway Interlink modules are available enabling a
variety of system level configurations.

RACEway Interlink modules are generally constructed from one or more six-port
crossbar switches. Each switch is a single chip that fully implements the RACEway
Interlink standard. Interlink overlays spanning up to six slots can be constructed with a
single chip. Interlink overlays spanning more than six slots are constructed by cascading
six-port crossbars. While cascading crossbars is an effective mechanism for expanding
Interlink modules, it does introduce additional latencies that must be considered in the
overall system design. Figure 1 illustrates the basic RACEway switched fabric in a VME
system.

Real-Time System Applications:

The real-time system designer can take advantage of RACEway/RACE++’s multiple data
paths by pipelining the data flow through the system. Figure 2 illustrates a typical
RACEway-based data acquisition system. In this example, a set of three rotating
RACEway memory boards is used to buffer high-rate real-time data. As data is acquired,
it is written to one memory board. When that memory is filled, the acquisition switches to
the second memory, while a data capture board extracts data from the first memory for
recording on high-rate tape or Fibre Channel RAIDs. When the second memory is full,
acquisition switches to the third memory, data capture switches to the second memory,
and signal processors begin operating on data in the first memory. The signal processors
can also use RACEway to pass data to additional signal processing boards or a high-



performance workstation/supercomputer via a HIPPI or Fibre Channel RACEway board.
In this example the VME bus is used for control only.
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The above example illustrates a nine-board system with an internal bandwidth of 640
Mbytes/second (via RACEway) and 80 Mbytes/second (via VME64). This internal
bandwidth is considerably higher than can be achieved with industry standard bus
systems (133 and 266 Mbytes/second for 32 and 64 bit PCI, for example). While these



numbers are theoretical maximums, systems can be constructed today using COTS
equipment that sustain multiple, 100+ Mbytes/second transfers between boards.

While very high internal bandwidth figures are impressive, it is the scalability and
determinism of RACEway channels that are the major advantage in real-time systems. In
systems where data are passed from one element to the next (such as the example above),
scalability is vital in achieving high throughput. In standard bus architectures, the
example system would require all boards to compete for bandwidth on one shared bus.
Since the data pass from one element to another four times, the total system throughput in
a bused implementation could be no more than one quarter of the maximum achievable
transfer rate. In VME64-only implementations, it would be very difficult to sustain even
a 10 Mbytes/second input rate, while the RACEway extension to VME can realistically
sustain 100 Mbytes/second.

SKYchannel

ANSI/VITA 10-1995 SKYchannel VME P2 is an open standard for running the 320
MB/sec SKYchannel Packet Bus over the VME P2 using both passive (bussed) and
active (switched fabric) overlay backplanes similar to VSB and RACEway. Total
bandwidth for an 8-slot SKYchannel overlay is 2.56 Gbytes/second.

Architecture:

SKYchannel uses packet-switched technology to reduce data transfer latency. The need
to establish end-to-end connections before sending information is not necessary. By
incorporating routing information and data payload in the same packet, SKYchannel
allows data transfers to be passed from switch point to switch point until the data arrives
at the designated destination (route). The SKYchannel specification requires packet
controllers and bi-directional FIFOs at each SKYchannel node, thus allowing the
architecture to reduce blocking occurrences.

Two types of SKYchannel backplane interfaces are available: shared bus backplane or a
switchable crossbar backplane. The shared bus backplane provides single point-to-point
connections between VME boards. The bandwidth of this bus is shared among all boards
(320 Mbytes/sec). The switchable crossbar backplane can provide point-to-point
connections between several VME boards simultaneously. These means that multiple
VME boards can be connected at the 320 Mbytes/sec rate, allowing for scalable
bandwidth.

The point-to-point communication of the SKYchannel crossbar enables the
communication structure to grow with changes in the processing, without affecting the
current application. This transparent scalability does not stop at the chassis, but can



extend to multiple chassis systems. Crossbars can be linked together using SKYchannel
extenders. Using these extenders, SKYchannel protocol can allow up to 256 addressable
connections.

Myrinet

ANSI/VITA 26-1998 Myrinet is an open standard that specifies protocol for the data link
and physical layers. Unlike RACEway and SKYchannel, Myrinet is often used in
networking applications that require very high throughput. In the past, these networks
conventionally used Ethernet for connecting clusters of workstations or PC’s. Myrinet
provides a way to connect workstations and PC’s at rates up to 140 Mbytes/second.

A Myrinet network is self-configuring, therefore and topology can be accepted. Front
panel applications use SAN compatible Microstrip connectors. This can be used for board
to board or board to cable connectors. Backplane applications use either P0 or P4, a hard
Metric-style connector that is widely used in new bus systems.

Availability of Myrinet equipment is expanding. PCI networking cards and PMC
modules with Myrinet interfaces are readily available. Myrinet switches can also be
purchased that allow dynamic routing of data through a network.

EXTERNAL COMMUNICATIONS MECHANISM

High Performance Parallel Interface (HiPPI)

HiPPI (High Performance Parallel Interface) is a dual simplex, point-to-point technology
that operates at 100 Mbytes/second. It is an ANSI-standard (ANSI X3T9.3) and supports
both circuit and packet switching. HiPPI is well suited for connecting high-performance,
real-time systems to more standard computing platforms such as workstations and
supercomputers. It uses either copper (Parallel) or fiber optic (Serial) cabling to connect
systems up to 10 kilometers (theoretical) apart, and operates bi-directionally offering a
combined throughput of 200 Mbytes/second. HiPPI is commonly used in point-to-point
and switched fabric applications. It is a low-over head “firehose” that is commonly used
to link real-time systems with standard workstations.

Architecture:

Parallel HiPPI connections use a 50 pin shielded twisted pair (STP) cable in 100
Mbytes/second transfers and a 100-pin STP cable for 200 Mbytes/second transfers at
distances up to 25 meters. Serial HiPPI is an extension of the HiPPI standard allowing the
same signals to travel over fiber optic, rather than copper, cabling. It was developed to
serve the high-bandwidth needs of supercomputers and high-end workstations and satisfy



the need for supporting distances greater than the 25 meters supported by the original
standard. Serial HiPPI connections can extend up to 1 kilometer using multi-mode and 10
kilometers over single-mode fiber.

HiPPI has a simple signaling sequence. The HiPPI-PH specification provides a
framework for communication and data transfer between a HiPPI source and destination
channel. Support for low-latency, real-time and variable-size packet transfers are
provided and HiPPI's simplified signaling sequences allow connections to be set up and
torn down in less than 1 microsecond. Additionally, switch latency is on the order of 160
nanoseconds. The signal sequences provide look-ahead flow control to allow the average
data rate to approach the peak data rate, even over long distances.

A benefit of HiPPI is that it allows you to leave point-to-point connections open, assuring
that when data is available it can be immediately received. It provides deterministic
bandwidth, allowing for known data rates (within the HiPPI specification) to be available.

Real-Time System Applications:

Real-time systems that use HiPPI often involve sending or receiving data to/from
workstations, such as a Silicon Graphics or Cray machines. Other HiPPI applications
include receiving data from various remote sensors for long term storage and processing.
Figure 3 shows such a system. Five HiPPI boards are used to receive data from various
radar sensors. Each HiPPI board is capable of receiving data at a rate of up to 100
Mbytes/second. As the HiPPI data is received, it is stored in the acquisition memory until
all of the memory has filled. The sensors are then shut down and the data is funneled to a
storage medium such as high speed RAID or tape drive, where it can be processed
offline.
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Fibre Channel

The Fibre Channel physical specification (FC-PH) was released as ANSI standard
X.3.230-1994 in 1994. The specification defines a technology capable of transfer rates up
to 1.0625 Gbps, with payload rates of up to 100 Mbytes/sec. The physical media is
commercially available in both copper and optical fiber. With long wavelength light
sources and single-mode fiber, transmission distances of up to 10 km can be achieved.

Architecture:

Fibre Channel transfers are broken up into three stages:

• Frames: A block of data bytes together with control information. This includes
routing information, control bytes, payload data and CRC information. A single
frame can be up to 2148 bytes in total.

• Sequences: A number of related frames for a given operation.
• Exchanges: A number of related sequences for a given operation.

These are the basic building blocks of Fibre Channel communication. When a Fibre
Channel source wants to send data to a Fibre Channel destination, it starts an exchange.
This exchange is broken up into several sequences, which in turn is broken up into
several frames. This message breakdown facilitates concurrent interleaved Fibre Channel
data transfers.

Flexibility is a significant reason why data acquisition systems are leaning towards Fibre
Channel. Different systems require different networked topologies. Fibre Channel allows
the systems integrator to choose from one of three types of topologies:

• Point-to-Point – A direct physical connection between two Fibre Channel ports.
This provides dedicated bandwidth between two nodes. A typical application could
be a single sensor connected to a single signal processing system.

• Arbitrated Loop – Fiber output of each node is daisy chained to input of adjacent
node. This allows many nodes to be connected, all of them sharing the same 100
Mbytes per second bandwidth. A typical application could be a single sensor
connected to multiple signal processing systems.

• Switched Fabric – Capable of sustaining multiple non-blocking point to point
connections. This provides scalable bandwidth. It supports multiple, concurrent
100 Mbytes per second connections. A good use for this type of topology is in a
system having multiple sensors and signal processing systems, requiring multiple
high rate connections to be active simultaneously.



Arbitrated loop (known as FC-AL) is the most common method of connecting multiple
(more than two) Fibre Channel components. In this topology, data is passed around the
loop from node to node until it reaches its assigned destination. Another prime benefit of
Fibre Channel is the ability to support multiple high level protocols on the same
arbitrated loop.

Real-Time System Applications:

Figure 4 shows a data capture system that utilizes Fibre Channel interfaces in several
ways. The data capture subsystem takes analog data in and sends it out a Fibre Channel
connection that is attached via point-to-point connections to a signal processing system.
The data is received by the signal processing system, where it is stored then processed. At
this point, the pre-processed data can be stored via Fibre Channel to a bulk storage
device, or the processed data can be sent to a workstation via Fibre Channel for analysis.
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The key in Figure 4 is to note the various types of applications that Fibre Channel can be
used; sensor to DSP, DSP-Workstation (potentially networked using arbitrated loop
technology) and DSP-bulk storage (potentially a Storage Area Network (SAN). This
flexibility, along with the ability to support multiple protocols, makes Fibre Channel an
extremely attractive solution for external real-time, high bandwidth needs.

Asynchronous Transfer Mode (ATM)

ATM is an important technology for wide area interconnection networks. It incorporates
a switching technology that allows dedicated connections between nodes. ATM is also
scalable, offering a wide range of operating data rates. Like Fibre Channel, ATM is
independent of the upper level protocols being used.



Architecture:

ATM works by breaking information into fixed length 53-byte data cells. The cells are
transported over traditional wire or fiber optic networks at extremely high speeds.
Because information can be moved in small, standard-sized cells, switching can take
place in the hardware of a network, which is much faster than software switching. As a
result, cells are routed through the network in a predictable manner with very low delay
and with determined time intervals between cells. For real-time data acquisition users,
this predictability means extremely fast, real-time transmission of information that can be
used on the same network infrastructure that supports non-real-time network traffic
support.

ATM is a connection-oriented protocol; this means that ATM must establish a logical
connection to a defined endpoint before this connection can transport data. Cells on each
port are assigned a channel and a path identifier that indicates the channel or path over
which the cell is to be routed. The connections are called virtual paths or virtual channels.
They can be permanently established or set up and released dynamically depending upon
the requirements of the user. ATM was designed for users and network providers who
require guaranteed real-time transmission of voice, data, and images while also requiring
efficient, high performance transport of bursty packet data.

The most common supported speed by the majority of commercial products today for
ATM is 155.52 Mbps. ATM at 622 Mbps is now also widely supported with 2,488Mbps
ATM becoming available in the near future. The physical connection for ATM is
typically multi-mode fiber optics similar to Fibre Channel and Serial HIPPI. Fiber optic
ATM is generally referenced as OC3 for the 155.52Mbps data rate, OC12 for 622Mbps
and OC48 for 2488Mbps version.

CONCLUSIONS

Determining which external scalable architecture to use is dependent upon the
application. For external networked applications, Myrinet and Fibre Channel offer the
flexibility of Ethernet, with a substantial data rate increase. If the application requires a
low latency external point-to-point connection with deterministic bandwidth (as in a radar
system application) a low-level protocol over Fibre Channel or HiPPI is often the way to
go. For applications such as sonar systems, where several low rate channels are
multiplexed onto a single data stream, ATM is often the answer. RACEway, RACE++,
Myrinet and SKYchannel each offer significant improvements to standard bus
architectures. Determination of which internal architecture to use often comes down to
equipment availability.



Today’s data acquisition systems are continuously stretching the bandwidth of traditional
system architectures such as VME and PCI. Often requiring scalable data rates, these
systems have benefited from switched fabric architectures, for both internal system and
external system to system applications. The use of such scalable internal architectures
such as RACEway, SKYchannel and Myrinet are allowing these data acquisition systems
to operate at scalable internal bandwidths an order of magnitude greater than that was
available years ago. Combining this new found internal bandwidth with such external
interfaces as Fibre Channel, HiPPI and ATM, data acquisition and signal processing
systems are now capable of scaling bandwidth almost limitlessly.
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Abstract

A number of methods exist for the transmission of digital telemetry data. This paper
explores four separate methods of transmitting and receiving high bit rate telemetry data
(13 megabit/sec). Since choices may need to be made in terms of performance and cost,
these are the areas that are explored in some detail. Costs may also include considerations
of existing equipment which can be somewhat intangible. Performance can be limited to
transmitted and received signal levels in order to quantify the ability of the equipment to
handle received signal levels. Although the results may indicate rather clear cut “winners”
in both cost and performance, other factors may provide the deciding influence for the
purchase of such a system.

Introduction

Ref.:  “NAWCWPNS Point Mugu Analysis of SM-2 PTR 2.0 Telemetry Performance
Anomaly, June 7, 1993.” As a result of multi-path generated in the Standard Missile
Vertical Launch System, VLS, Canister at the Navy Desert Ship, at White Sands Missile
Range, a re-radiation system was configured by WSMR, i.e. “RERAD”. The system
would tap off the canister with “parasitic probe” antennae, demodulate the project TM and
re-radiate the TM using different RF frequencies to J56, WSMR tracking and relay station,
for pre-launch validation. This system worked well for the 2.4 Mbs. telemeters and has
successfully supported several tests. Additionally, the WSMR RERAD actively supports
the SEA SPARROW prior to test at the Desert Ship. As the Standard Missile program
develops to the Block IV-A version, telemeters with data rates of 13 Mbs. will be used.
Due to bandwidth restrictions generated by inter-modulation products of all the RF
frequencies being used by the missile, target and RERAD, the concern was to review all
available options of data transport from the Desert Ship to J56.  This paper will review
four suggested methods of data transport and provide a comparison of the tests with
emphasis on performance and cost. The four methods reviewed were: 1. Translated RF
System, 2. RF Fiber System, 3. Video Fiber System, 4. DS-3 Fiber System. The tests were



performed between the WSMR RERAD and Desert Ship communications room for
Transmit and J56 for Receive.

Performance Comparison

Note from the preceding diagrams that each system relied on the same signal generating
system. This is also noted as TX POWER at the RERAD van on the results chart that
follows. At some point in each system there is a divergence from commonality. In the
translated RF system the signal was routed to an horn antenna. In the RF fiber driver
system the signal was routed to an RF fiber driver. In both the video fiber driver and the
multiplexed fiber driver system the RF signal was delivered to a receiving and conditioning
system before being routed to the appropriate fiber driver system. At the point where the
data is recovered from the RF carrier and becomes an NRZ-L data stream the performance
considerations become mute, as the determining factor in the transport system performance
is the RF system performance.

 PARAMETER TRANSLATED RF      RF FIBER     VIDEO FIBER     MUXED
     SYSTEM                      SYSTEM        SYSTEM             SYSTEM

TX POWER               25.33 dBm                     25.33 dBm           25.33 dBm                 25.33dBm

ATTENUATION      36 dB                               54 dB                   60 dB                         60 dB

      ERP                      4.9 dBm                          -38.67 dBm         -30.37 dBm                -30.37 dBm

BER            RX 1       17.5 dB S.A.N.               19.13 dB S.A.N.   15 dB S.A.N.             15 dB S.A.N.
threshold     RX2        18.1 dB S.A.N.               20 dB S.A.N.       16 dB S.A.N.             15 dB S.A.N.

S.A.N.- Signal above noise floor

It must be kept in mind that certain devices require a minimum level to operate. The
robustness of a system would also consider the total dynamic range of a device. For
example it would be easy to radiate multiple watts into an antenna thereby boosting the
range of this particular system. Just as obviously you could not do this with the RF fiber
system as its maximum input level is limited to about +10 dBm. These kinds of
considerations were not taken into account in this comparison as the tests for BERT took
place on the low end of the power budget.       



Figure 1: RERAD configuration for  A: Translated RF System Test,  B: RF Fiber System Test

Figure 2:  J56 configuration for A: Translated RF System Test

Figure 3:  J56 configuration for B: RF Fiber System Test
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Figure 4: RERAD configuration for  C: Video Fiber System Test,  D:DS-3 Fiber System Test

Figure 5:  J56 configuration for C: Video Fiber System Test    Figure 6:  J56 configuration for D:DS-3 Fiber System Test
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Cost Comparison

Review of costs associated with the selection of a data transport system is an important
consideration. The following table was constructed based on the major items that might
have to be purchased to implement a particular system. In our test cases most of the
equipment was existing somewhere within our telemetry equipment inventory. The method
that we used to transmit and receive data over the air can also be performed in a number of
different (and less costly) ways using off the shelf microwave systems. The collection of
RF and stripping of data is carried out in a “standard method” for White Sands. Because of
the constraints for the type of test we are preparing for some of the setups may look
overdone or not as $ efficient as they might have been.

RECEIVE SYSTEM

TRANSLATED RF    RF  FIBER                 VIDEO FIBER        DS-3 FIBER
SYSTEM                     SYSTEM                     SYSTEM                SYSTEM

ITEM COST/EA ITEM COST/EA ITEM COST/EA ITEM COST/EA

Antenna
System

125000.00 Fiber Rx   3500.00 Video Rx
(2)

 3500.00 Fiber Rx   3500.00

Rcvr (4)
TM

  50000.00 Rcvr (2)
TM

50000.00 LIU  6000.00

Combiner
(2)

 25000.00 DS-3
DMUX

 10000.00

Bit Sync
(2)

 32000.00 Bit Sync
(2)

32000.00 Bit Sync
(2)

32000.00 Bit Sync
(2)

 32000.00

The totals expressed above include the transmitting and receiving system. The dollar
amounts are for comparison purposes only and do not include cabling, multicouplers,
installation, and other miscellaneous parts. Note that if a more efficient way of transmitting
and receiving the translated RF (via multiplexed links) were used, it’s costs would be very
much in line with the others. This still leaves the RF fiber system as the cost winner. It is
unlikely that cost would be the only consideration in selecting such a system.



TRANSMIT SYSTEM

TRANSLATED RF       RF FIBER             VIDEO FIBER          DS-3 FIBER
SYSTEM                        SYSTEM               SYSTEM                    SYSTEM

ITEM       COST/EA     ITEM      COST/EA     ITEM       COST/EA       ITEM   COST/EA
Transmit
set (1)

12000.00 RF fiber
driver

3500. 00 Video TX
(2)

3500.00 DS-3 fiber
driver

3500.00

Antenna
(1)

1000.00

Rcvr (2)
TM

50000.00 Rcvr (2)
TM

50000.00 Rcvr (2)
TM

50000.00

Bit sync
(2)

32000.00 Bit Sync
(2)

32000.00 Bit Sync
(2)

32000.00

Optic
Cable

100000.00 Optic
Cable

100000.00 Optic
Cable

100000.00

LIU 6000.00

DS-3
MUX

8000.00

TOTAL     616000.00                      271000.00                       335000.00                    365000.00

Conclusion

Each system performed adequately in terms of performance at threshold. Costs varied
greatly depending on what pre-existing equipment is available and if fibers exist between
the transmitting and receiving source. One major stand-out among the four is that the DS-3
Fiber System allows for expansion to more than two RF sources and the addition of other
types of data to be multiplexed to J56 and the WSMR Telemetry Data Center.
Additionally, the MUX/DEMUX units may be upgraded to transmit data to and from J56
and the Desert Ship.

Richard J. Fuentes                              Michael L. Winstead
Tel# (505) 678-3101                           Tel# (505) 678-3527

e-mail: fuentesr@wsmr.army.mil         e-mail: winsteam@wsmr.army.mil

                     Mailing Address:       NAME
                                             STEWS-NRO-DT-O

                                                       Bldg. 1530, RM 161
                                                      White Sands, N.M.  88002



DESIGN AND CALIBRATION OF AN AIRBORNE MULTICHANNEL
SWEPT-TUNED SPECTRUM ANALYZER

Philip J. Hamory
National Aeronautics and Space Administration

Dryden Flight Research Center
Edwards, California

John K. Diamond
National Aeronautics and Space Administration

Langley Research Center
Hampton, Virginia

Arild Bertelrud
Analytical Services and Materials, Inc.

Edwards, California

ABSTRACT

This paper describes the design and calibration of a four-channel, airborne, swept-tuned
spectrum analyzer used in two hypersonic flight experiments for characterizing dynamic
data up to 25 kHz. Built mainly from commercially available analog function modules, the
analyzer proved useful for an application with limited telemetry bandwidth, physical
weight and volume, and electrical power. The authors discuss considerations that affect the
frequency and amplitude calibrations, limitations of the design, and example flight data.
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INTRODUCTION

In 1994 and 1998 NASA flew two hypersonic aerodynamic experiments called FX-A and
FX-1, respectively, aboard the Pegasus®* launch vehicle as part of a project called PHYSX
(for Pegasus® HYperSonic eXperiments) (ref. 1). The requirements for these experiments
included dynamic data up to 25 kHz to characterize the vibration environment and the state
of the boundary layer. Real-time transmission of time histories of the dynamic data via a
pulse code modulation telemetry encoder would require sample rates of at least 50,000
samples per second (sps). The telemetry bandwidth necessary to support those sample
rates was not available, so two airborne spectrum analyzers were developed: one based on
the swept-tuned receiver, and one based on digital signal processing (DSP) technology.
The frequency content of the data was of most interest, and transforming the data into the
frequency domain with an onboard spectrum analyzer offered the opportunity to trade off
frequency resolution for a reduced bandwidth.

Work on developing the DSP-based analyzer has been reported previously (refs. 2 and 3),
but work on the swept-tuned analyzer has not yet been reported. (The design of a related
analyzer was reported in ref. 4.) This paper describes the design and calibration of the
swept-tuned analyzer used on FX-A and FX-1. The design discussion includes the
underlying signal processing technique, the circuit elements, packaging, and limitations. A
calculation showing the tradeoff between frequency resolution and telemetry bandwidth is
also presented. The calibration discussion includes the process and considerations that
affect the frequency and amplitude calibration coefficients. Finally, FX-A flight data are
presented to show results obtained from actual flight conditions. Use of trade names or
names of manufacturers in this document does not constitute an official endorsement of
such products or manufacturers, either expressed or implied, by the National Aeronautics
and Space Administration.

DESIGN

Introduction to the Design

The fundamental technique used in this design is the same as that of laboratory spectrum
analyzers. Reference 5 is an excellent presentation on spectrum analysis basics, and the
discussion in this paper is organized and written based upon that presentation. Reference 6
also contains a section (ref. 6(a)) on the subject.

                                        
* ®Pegasus is a registered trademark of Orbital Sciences Corporation, Fairfield, Virginia.



Spectrum analyzers are typically used for radio frequency (RF) measurements. Because
the required measurement bandwidth for FX-A and FX-1 extended only slightly beyond
the audio range, commercially available analog function modules were used rather than RF
components.

Another difference between this analyzer and a laboratory spectrum analyzer is that this
analyzer has no display unit. Rather, an airborne telemetry encoder samples its amplitude
and frequency analog outputs. By plotting the amplitude readings against the frequency
readings, engineers on the ground obtain the display of data. Calibrations are applied
digitally on the ground.

The Design Elements

A spectrum is a range of frequencies, and a spectrum analyzer is a device that breaks up a
signal into its frequency components. The most common type of spectrum analyzer is the
swept-tuned receiver, the most widely accepted, general-purpose tool for frequency
domain measurements. The technique most widely used is superheterodyne. Heterodyne
means to mix—that is, to translate frequency—and super refers to frequencies above the
audio range. Basically, these analyzers use a bandpass filter as a window to view a limited
part of the signal’s spectrum, and this window appears to sweep across the spectrum and
identify all the frequency components present.

It is difficult, however, to build a filter that tunes over a wide range. An easier
implementation is to use a tunable local oscillator (LO) and keep the bandpass filter fixed.
In this implementation, the input signal sweeps past the fixed filter. For now, assume that
this resembles how an AM radio works except that a radio dial controls the tuning and the
radio has a speaker instead of a display. The concept will become more clear later in this
paper’s discussion of the circuit elements of the analyzer.

The major components in this spectrum analyzer, as figure 1 shows, are the input filter,
analog multiplier, intermediate frequency (IF) filter, root-mean-square (RMS) to direct
current (DC) converter, local oscillator, and sweep generator. The analog multiplier, IF
filter, RMS-to-DC converter, and voltage-to-frequency converter in the local oscillator are
the analog function modules referred to earlier. Before discussing how the components
work together, this paper describes the fundamentals of each one individually.



Figure 1. PHYSX swept-tuned spectrum analyzer
(only one of four analysis channels shown; frequencies shown are for FX-1)

The analog multiplier (ref. 7) plays the same role as the mixer in an RF spectrum
analyzer; that is, it converts a signal from one frequency to another. From modulation
theory, it is known that when two signals are multiplied together, the product contains
frequencies that are the sum and difference of the two signals. The following trigonometric
identity, involving frequencies     F1  and     F2 , and time   t , provides a glimpse into that fact:

    
cos 2πF1t( )cos 2πF2 t( )= 0.5 cos 2π F1 + F2[ ]t( )+ cos 2π F1 − F2[ ]t( ){ } (1)

In this spectrum analyzer, the difference frequency is of interest. The multiplier has
converted the input signal to an IF that the analyzer can now detect.

The IF filter is a narrow bandpass filter used as the window for detecting signals. In this
design, eight second-order analog filter stages (ref. 8) are cascaded together. Each stage is
identical, having a center frequency (fc) of 40 kHz and a quality factor (Q) of 15. The
entire filter has a total Q  of 50 yielding a resolution bandwidth of 800 Hz.

The analyzer must convert the IF signal to a baseband signal that the telemetry encoder
can sample. This is accomplished with an envelope detector. The output of the narrow
bandpass filter is AC coupled to the detector, and the output from this detector represents
the amplitude of the spectrum. An RMS-to-DC converter (ref. 9) was selected as the
detector because detecting the power of the signal was of interest. In general, a true power
measurement can be made only by averaging the square of the actual voltage waveform
(ref. 6(b)). Although the RMS-to-DC converter actually gives the square root of the true
power, the square root was accepted to benefit from the quality and compactness of the
commercially available converter. The averaging time of the RMS-to-DC converter was



set to the minimum time described in reference 9. For FX-1, this time was 12.5
microseconds (µs).

The local oscillator is the element that, in effect, tunes the analyzer, and this element was
constructed out of three parts: a voltage-to-frequency converter, a digital sine-wave
generator, and a bandpass filter.

A sine-wave generator can be constructed out of digital circuitry by hooking up a shift
register as a walking-ring counter and by resistively summing the register outputs to
produce a staircase waveform. When passed through a bandpass filter to remove the DC
component and high-order frequency components, the staircase waveform produces a low-
distortion (less than 1 percent), sinusoidal output with stable amplitude. For this
application, a 5-stage shift register was used to make a 10-stage walking-ring counter (ref.
10). A voltage-to-frequency converter (ref. 11) drove the counter’s clock and was in turn
driven by the sweep generator.

The sweep generator is a precision, temperature-stable, triangle waveform generator (ref.
12) that tunes the LO to change its frequency linearly. The telemetry encoder samples this
voltage and the results represent the frequency component of the signal being analyzed.
Most swept-tuned spectrum analyzers use a ramp generator and, therefore, sweep across
the spectrum unidirectionally. Even though a bidirectional sweep makes the calibration
process more involved, the triangle wave was chosen for circuit simplicity.

The input filter is a wideband anti-aliasing filter. The filter consists of a third-order
Chebyshev high-pass filter with a frequency passband beginning at 250 Hz in series with a
fourth-order Chebyshev low-pass filter with a frequency passband ending at 25 kHz.
Voltage-controlled, voltage-source (VCVS) hardware implementation was used for these
filters. Reference 6(c) has a suitable procedure for designing equal-component VCVS
filters; however, the unity-gain VCVS filter was chosen primarily because it has fewer
components. Component values were computed using filter design software developed in
house. Figure 2, obtained by circuit simulation, shows the nominal frequency response of
the input filter.



Figure 2. Nominal frequency response of input filter.

How It All Works Together

Suppose a sine-wave, whose amplitude is 1.2 V peak-to-peak (Vpp) and whose frequency

  fsig  is 10 kHz, is applied to the input. Suppose also that the telemetry system is set up to
sample the analysis channel and the sweep voltage channel at the same rate. Figure 3
simulates what the calibrated output of the analyzer would look like if the points in the
spectrum were 62.5 Hz apart. To visualize how this figure is constructed, imagine the
sweep generator increasing in voltage causing the LO frequency (  fLO ) to sweep upward.
As soon as the difference frequency    fLO − f sig  comes into the skirt of the IF filter, the
signal starts to appear at the output. When the difference frequency is at the center
frequency (40 kHz), the full amplitude of the signal passes through. As the sweep
generator increases voltage further, the difference frequency leaves the filter skirt, and the
amplitude reading goes to zero.

A swept-tuned analyzer only produces a correct spectrum when the sweep rate is fast
enough to capture the spectrum before it changes. On the other hand, the response time of
the IF filter (about 1 millisecond (ms) in this design) limits how high the sweep rate can
go. Swept-tuned analyzers are, therefore, more suited for signals whose frequency content
is stationary rather than transient during the sweep time. For more details on this issue, see
references 5 and 6(a).



Figure 3. Simulated spectrum for 1.2 Vpp, 10 kHz sine wave (upsweep only).

Suppose the period of the sweep generator triangle wave is 200 ms (as it was in this
application) so that each sweep is completed in 100 ms. This arrangement gives a sweep
rate of 25 kHz/100 ms or 250 Hz/ms. To acquire points that are 62.5 Hz apart, samples are
needed every 250   µs , which corresponds to 4000 sps. Therefore, to acquire data from the
four analysis channels and the sweep voltage channel, the aggregate sample rate needs to
be 20 ksps. In contrast, if the time history data are transmitted and the spectrum is
computed digitally, a sample rate of at least 50 ksps is needed to have frequency content
up to 25 kHz. For four input signals, the aggregate sample rate is 200 ksps. Using the
sweep time (100 ms) for the record length of a discrete Fourier transform on the time
history data, the frequency resolution equals the sample rate (50 ksps) divided by the
number of samples in the record (5000 samples), that is, 10 Hz (ref. 13). Thus, in this
example, a factor of 6.25 in frequency resolution is lost, but a factor of 10 in required
telemetry system bandwidth is saved by using the airborne spectrum analyzer.

Packaging

The sweep generator and LO were placed on one circuit board measuring 6 in. x 3.75 in. x
0.5 in. (the last dimension includes part height), and the four analysis channels were placed
on a second circuit board of the same size to make a four-channel spectrum analyzer
whose total power consumption was 5.4 Watts (W)  and whose weight was 0.43 lb
without the chassis or 2.5 lb with the chassis. The small size, weight, and power
consumption enabled the analyzer to be incorporated in experiments aboard the Pegasus®
launch vehicle.



CALIBRATION

Frequency Calibration Considerations

As discussed earlier, the sweep-generator voltage determines the signal frequency that
passes through the IF filters. Although one set of calibration coefficients for the sweep
voltage would appear to apply to all four input signals, this is not the case. The analysis
channels have nonnegligible and unequal propagation delays. Different coefficients,
therefore, apply to the sweep voltage for each input signal. Sweep direction also matters,
as can be seen more clearly by studying figure 4.

Figure 4 depicts the triangular sweep voltage in the time domain. Let  
    
Vsw0

 be the sweep

voltage that causes frequency     F0  to pass through the IF filters. Let      t0  and      t0
′  be the times

that  
    
Vsw0

 is reached during the upsweep and downsweep, respectively. If  
    
t pd1

 is the

propagation delay through analysis channel 1, then the amplitude readings for channel 1

are available at times  
    
t1 = t0 + t pd1

 for the upsweep and  
    
t1

′ = t0
′ + t pd1

 for the downsweep. If

the amplitude readings and the sweep voltage are sampled at those times, then voltages

    
Vsw1

 and  
    
Vsw1

′  rather than  
    
Vsw0

 become associated with     F0 . Likewise, if the propagation

delays through the other analysis channels are not equal to 
    
t pd1

, as was the case in this

implementation, then each analysis channel has different sweep voltages that become
associated with     F0 . Thus a total of eight sets of coefficients (two sets per channel) are
required to determine frequency in this four-channel analyzer.

Figure 4. Sweep voltage as a function of time.

For a given channel and sweep direction, the relationship between input signal frequency
and sweep voltage was linear. If the variable   f  represents the sweep-voltage reading, that
is the frequency reading, then equation 2 can be written as follows:

    F = p0 + p1 f (2)
where     p0  and     p1 are the calibration coefficients.



Amplitude Calibration Considerations

Taking another look at figure 2, the reader will notice that the passband gain is not flat but
sloped. In fact, in this implementation, the slope was greater than shown because of a
limited selection of component values and tolerances. This slope made the amplitude
calibration more involved. Had the passband gain been flat, the calibration probably would
have been given by equation 3,

    V = a0 + a1v (3)

where   V  is the signal voltage in volts RMS,   v  is the amplitude reading in counts, and     a0

and     a1  are constants. Because it is not flat, the gain coefficient      a1  is a function of
frequency. In figure 2,     a1  increases with frequency except for the upper transition region
where      a1  decreases as frequency increases. To characterize      a1  over the entire range
requires an equation that has both the frequency reading   f  and the inverse of the
frequency reading     f

−1 . By trial and error it was found that equation 4 produced the best fit
for the calibration points used.

    a1 = b0 + b1 f
−1 + b2 f

−2 + b3 f + b4 f
2 (4)

The overall fit was improved by letting     a0  be a function of frequency as well. See
equation 5.

    a0 = c0 +c1 f
−1 + c2 f + c3 f

2 + c4 f
3 (5)

Combining equations 3, 4, and 5, equation 6 results.

    V = c0 + c1 f
−1 + c2 f + c3 f

2 + c4 f
3 + b0v + b1vf

−1 + b2vf
−2 + b3vf + b4vf

2 (6)

Here, too, sweep direction effects required different coefficients for the upsweep than for
the downsweep.

Calibration Process and Results

The analyzer inputs had a range of 0 to 1.6 Vpp from 250 Hz to 25 kHz. The analyzer was
calibrated with 24 sine waves defined from a combination of 4 voltages and 6 frequencies.
The sine waves were produced by a function generator that was connected to all four
inputs simultaneously. For each sine wave the telemetry stream was recorded and the
readings separated by sweep direction. Then, for each channel and sweep direction, the
sine-wave voltage V  and the frequency F  was associated with the peak amplitude reading



  v p  and the corresponding sweep voltage reading   f p . (See figure 3 again to observe how
the spectrum has a distinct peak that can be related to the input signal voltage and
frequency.)

To get an accurate peak reading, data were recorded for many seconds. Because the sweep
generator was asynchronous to the telemetry system, each sweep produced additional
points that filled in the spectrum. The input voltage and frequency pair 

    
V, F{ } and output

amplitude and frequency reading pair 
    
v p, f p{ } can be referred to as a calibration point. The

24 sine waves therefore produced 24 calibration points. The four voltages used were 0.4,
0.8, 1.2, and 1.6 Vpp. The six frequencies were 1, 5, 10, 15, 20, and 24 Hz.

Six other calibration points were desired as well; namely, zero volts at the same six
frequencies. To obtain these points, the signal inputs were grounded and the amplitude
readings recorded. Because the resulting spectrum was flat, no   f p  could be obtained
directly. The 

  f p , however, was obtained from the nonzero calibration voltages because 
  f p

was the same for a particular frequency whether the input voltage was 0.4, 0.8, 1.2, or 1.6
Vpp.

With these 6 additional points, a total of 30 calibration points were gathered. In retrospect,
one or two more frequencies between 20 and 24 kHz should also have been added to
identify where the filter transition region actually began.
The calibration coefficients were calculated using the method of least-squares (ref. 14).
The appendix shows the method applied to the amplitude calibration coefficients. The
curve fit errors are ±0.6 percent full scale for the amplitude and ±0.1 percent full scale for
the frequency.

Figure 5(a) shows superimposed uncalibrated readings obtained from one analysis channel
and the sweep voltage channel given six of the calibration sine waves. Each frequency has
two peaks because of the propagation delay discussed and illustrated in figure 4. The
unequal heights of the spectra are evidence of the frequency-dependent gain discussed
earlier.

Figure 5(b) is the result of applying calibration equations 2 and 6 with appropriate
coefficients to the data in figure 5(a). The calibration equalizes the amplitudes and centers
the spectra. For this figure, sweep direction was determined by comparing the value of one
frequency reading with the value of the previous frequency reading. This scheme works
adequately for most of the spectrum. At the extremes of the spectrum, however, the
readings appear to belong to one sweep direction when, because of propagation delays,
they really belong to the other. This fact explains why some of the results at 1 and 24 kHz
appear incorrect.



      (a) Uncalibrated readings.
  (Number in parentheses is the frequency in kHz.)                   (b) Calibrated results.

Figure 5. Spectra for 1.2 Vpp sine waves at six frequencies.

FLIGHT DATA

On the FX-A experiment, the analyzer processed accelerometer data. The objective was to
characterize vehicle vibration because, if the vibration level was too high at certain
frequencies, subsequent boundary-layer experiments would not be worth performing.

In figure 6, two vibration spectra are superimposed. The dashed line represents the
vibration level during captive carry flight, that is, before the rocket engine was ignited; the
solid line represents the vibration level 19 sec after launch at high angle of attack.

Figure 6. Accelerometer spectra before and after rocket ignition.



Each spectrum comes from one sweep, and the points are 100 Hz apart. Clearly the
vibration level is higher after the rocket has been ignited than before. The vibration level
drops off above 4 kHz—safely below the frequencies of interest for the FX-1 hypersonic
boundary-layer transition experiment.

SUMMARY

This paper described the design and calibration of an airborne multichannel swept-tuned
spectrum analyzer for characterization of dynamic data up to 25 kHz. The need for the
analyzer was driven primarily by telemetry bandwidth limitations. After the data are
transformed on board into the frequency domain, frequency resolution can be traded for
reduced telemetry bandwidth. In the example presented, a factor of 6.25 in frequency
resolution was sacrificed to reduce telemetry bandwidth by a factor of 10.

The analyzer design was based upon the widely used superheterodyne technique, and the
frequency range of interest made the use of commercially available analog function
modules possible. A four-channel analyzer was constructed in a small, lightweight, low-
power package suitable for flight aboard the Pegasus® launch vehicle. The main limitation
of the design was that the frequency content of the input signal remain stationary when the
analyzer sweeps across the spectrum. Propagation delays in the analyzer were shown to
require a set of calibration coefficients for each sweep direction. Frequency-dependent
coefficients were used for the amplitude calibration to deal with the sloped passband of the
wideband input filter.

Finally, FX-A flight data illustrate how the spectrum analyzer is used, and gave confidence
to proceed with FX-1.
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APPENDIX—SOLVING FOR THE CALIBRATION COEFFICIENTS

Using subscripts 1 through 30 to denote the 30 calibration points, 30 equations in the form
of equation 6 are obtained. The key to solving for the set of coefficients that has minimum
error in the least-squares sense is to organize the terms of the equations into vectors and a
matrix; namely,
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If vector  V1 through V30 is represented by b, vector  [c0..c4b0..b4] by x, and the matrix by
A, then the system of equations is in the form of Ax = b. This structure is common in linear
algebra and has a standard solution; namely, x = (ATA)-1ATb, where AT is the transpose of
A and  (ATA)-1AT is the pseudoinverse of  A (ref. 15). The solution looks complicated, but
mathematics software packages that handle matrices (ref. 16) are commercially available
to compute the solution.
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ABSTRACT

GSFC in keeping with the tenets of NASA has been aggressively investigating new
technologies for spacecraft and ground communications and processing. The application
of these technologies, together with standardized telemetry formats, make it possible to
build systems that provide high-performance at low cost in a short development cycle.
The High Rate Telemetry Acquisition System (HRTAS) Prototype is one such effort that
has validated Goddard's push towards faster, better and cheaper. The HRTAS system
architecture is based on the Peripheral Component Interconnect (PCI) bus and VLSI
Application-Specific Integrated Circuits (ASICs). These ASICs perform frame
synchronization, bit-transition density decoding, cyclic redundancy code (CRC) error
checking, Reed-Solomon error detection/correction, data unit sorting, packet extraction,
annotation and other service processing. This processing in performed at rates of up to
and greater than 150 Mbps sustained using a high-end performance workstation running
standard UNIX O/S, (DEC 4100 with DEC UNIX or better). ASICs are also used for the
digital reception of Intermediate Frequency (IF) telemetry as well as the spacecraft
command interface for commands and data simulations.

To improve the efficiency of the back-end processing, the level zero processing sorting
element is being developed. This will provide a complete hardware solution to extracting
and sorting source data units and making these available in separate files on a remote disk
system. Research is on going to extend this development to higher levels of the science
data processing pipeline. The fact that level 1 and higher processing is instrument
dependent; an acceleration approach utilizing ASICs is not feasible. The advent of field
programmable gate array (FPGA) based computing, referred to as adaptive or



reconfigurable computing, provides a processing performance close to ASIC levels while
maintaining much of the programmability of traditional microprocessor based systems.
This adaptive computing paradigm has been successfully demonstrated and its cost
performance validated, to make it a viable technology for the level one and higher
processing element for the HRTAS.

Higher levels of processing are defined as the extraction of useful information from
source telemetry data. This information has to be made available to the science data user
in a very short period of time. This paper will describe this low cost solution for high rate
data processing at level one and higher processing levels. The paper will further discuss
the cost-benefit of this technology in terms of cost, schedule, reliability and performance.

KEYWORDS

Telemetry, frame synchronization, Reed-Solomon error detection and correction, service
processing, CCSDS, low cost platforms, Application Specific Integrated Circuits
(ASICs), Field Programmable Gate Arrays (FPGAs)

INTRODUCTION

Traditional ground processing systems relied on un-bounded resources in cost and
schedule. The satellite was launched when the system was ready. With shrinking budgets
and the restrictive schedules, the need to have systems up and ready for a lower cost and
quicker has become a norm at NASA. When one looks at the staggering cost of NRE and
development costs to build customized ground systems for processing data from a single
mission, the strides made by NASA are stupendous. The old Data Systems Technology
Branch (DSTD) at NASA pursued the goal of faster cheaper and better by adopting the
plug and play paradigm.

From 1985, the large mainframes with software applications that were very unwieldy and
large, were being replaced by hardware, firmware and software modules that were
smaller, cheaper to maintain and more efficient. Albeit, these systems were still custom
built to meet the needs of the project. However these first generation ground systems
soon gave way to the second generation whereby hardware, firmware and software
modules could be reused to a large extent by the new missions. The percentage of new
code and changes that had to be made was less than 20 %. However, there were
drawbacks. Even though the costs of getting a new system were reduced, the flexibility of
the system to meet the new challenges of even higher data rates and volumes was limited
by the technology.

Consistent with the new edicts of faster, smaller and cheaper, DSTD has developed its
Third Generation of ground processing systems. To further increase cost-effectiveness



new elements are being developed and will be added so that these ground processing
systems will provide all telemetry acquisition and processing functions from receipt of
raw telemetry at the antenna to generation of user data sets.

Figure 1 shows how the paradigm reduced costs while increasing the performance of the
processing systems. The basic elements of telemetry processing, namely ingest, error
correction and packet extraction had been implemented in three custom ASICs. These
three ASICs together with associated devices was the basis of the low cost, high rate
telemetering system.
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Figure 1 Process Cost and Performance versus Time

SYSTEM OVERVIEW

Conceptually, the HRTAS can serve as a standalone telemetry processing system to
support a mission as shown in Figure 2. The HRTAS will receive and capture serial
telemetry data streams from an antenna, perform IF reception, frame synchronization, and
optionally perform Reed-Solomon decoding and service processing.

primary function of the HRTAS is to capture and process space telemetry and output
frames and/or data packets out to an end user on a network interface. The front-end of the
HRTAS System will process telemetry received in the Intermediate Frequency (IF)
spectrum as well as the digital spectrum (RS-422). The performance of the HRTAS far
exceeds the available telemetry processing and generating systems in cost and
performance. It has been proven to process frames at rates up to and above 150 Mbps
using desktop workstation (DEC Alpha 4100) class machine. The demonstration included
the capability to process packets at telemetry rates of up to 150 Mbps. It is capable of
achieving the following packet rates: 676,000/7-byte packets per second to 82/65542-
byte packets per second. The uplink capability was simulated and demonstrated to
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transfer commands at rates up to 2 MHz. In addition to the operational capability, the
HRTAS can be used to self test the system. It has the capability to perform data
simulation at rates in excess of 150 Mbps.

As opposed to the traditional ground processing system, the HRTAS can also deliver
packets to external users and/or local disk storage from selected subsystem sources within
5 ms (at 150 Mbps ingest rate) of receipt. However, it must be pointed out that the
external network must be capable of sustaining and ingesting the data output from the
HRTAS. For example, a destination capable of ingesting the data products must have the
capability to receive and ingest multiple data product sets at rates up to 5 Mbps over
Ethernet, 25 Mbps over FDDI* and 50 Mbps over ATM* (* optional interface installed
by user).

COST-PERFORMANCE

To evaluate the performance benefits relative to a cost basis, we first assign weightings to
the performance factors. For example, the primary aim of a telemetry processing system
is process all the telemetry data downlinked from the spacecraft. This means that we
should keep the losses to a minimum, and hence the ‘Minimize Data Loss’ criteria may
be classed with a weight of 1, 0.1 being the least. Similarly the following table lists the
performance criteria and the respective weights assigned to each of these criteria. The
HRTAS development followed these criteria for performance:



Performance Criteria Factors HRTAS Weighting
Minimize Data Loss Accommodate Data Rate

Ingest all telemetry
Detect & Correct Errors at Rate
Capable of Back-to-Back Processing

1

Maximize Data Processing Accommodate all Services at Rate
Detect & Account for all Telemetry

1

Minimize Availability
Delays

Provide Source Data in Minimum Time
Provide Real-time Data in Near Time

0.8

Maximize User Capability GUI for Operations, Configuration, and Control 0.5
Maximize Flexibility Accommodate New Missions & Standards 0.4

Table 1 Performance Criteria

From the above table we can assign these requirements to the HRTAS and an equivalent
traditional system that does not use the plug-and-play paradigm. The cost assignment for
the traditional system assumes $100,000 per man-year, and the cost of a high-end
computing environment to be $250,000 per workstation. Using the assigned weightings
and the Cost Benefit ratios, the Cost-Performance Benefit for each task and the overall
system may be calculated.

Cost-Benefit Ratio = CR = (Cost)HRTAS/( Cost)Traditional

Cost-Performance Benefit = CR x HRTASWeighting

Task Assignment HRTAS Traditional
System

Cost Benefit
Ratio

Cost Performance Benefit

Ingest & Error Detection 500,000 2.17 2.17 x 1
Error Correction & Packet
Extraction
Level-Zero Processing

350,000 1.52 1.52 x 1

Back-end Processing &
Distribution

230,000

450,000 1.95 1.95 x 0.8

Graphical User Interface 5,000 10,000 2.0 2.0 x 0.5
Build-in Capability for
Future Needs

50,000 200,000 4.0 4.0 x 0.4

System Cost-Performance Benefit : 7.85

Table 2 Cost Performance Benefit



COST-RELIABILITY

All the traditional aspects of reliability, modeling and prediction need to be considered.
The most difficult problem to be faced being: the knowledge base. The functional
reliability depends on whether the objectives are met and how well and whether they are
repeatable. The performance aspect is the quality and timeliness of the functions being
performed and the lifetime of the system. What this means in quantitative terms, is that
the system is graded as to (1) how much of the functional requirements are met, and (2)
how well have they been met. For example, if tasked to ingest a telemetry stream and
maintain the qualitative and quantitative accounts for the same, the system obliges with
no error in the ingest process. Thus it is 100% reliable and may be graded with a score of
1 (1 being the highest and 0 being the lowest). However, this logical acquiescence is not
enough to achieve a reliable system. This functional task has to be repeatable 100% of the
time over the lifetime of the system to achieve a true grading of ‘1’ for functional
reliability of 100%.

To complete the grading process, the task implementation is tempered with weighting
that demonstrates how well the task has been implemented. For example, if the
requirement calls for ingesting data at 150 Mbps with ‘no’ data loss, and this task has to
be repeatable 100% over the life-time of the system, the weighting (Reliability) given to
this task would be ‘1’. The overall task Reliability score would be ‘(1*1)*1’ or ‘1’. Using
this approach the Ingest task may be evaluated as follows:

Reliability Score = (SYSIMP x SYSPERF ) x SYSREL

HRTAS uses the PIFS chips for frame synchronization, CRC error detection and quality
accounting t the ingest stage prior to pipelining the data stream to the RS chip. The
functional integrity of the chip is far higher than the printed circuit board on which it is
mounted. Since this is a ‘new’ product, no historical statistical data exists for true
availability numbers, however, using the small sample of in-house boards over a period
of two years, the prior estimate of the board availability may be obtained. Using the
Bayesian approach, the degree of accuracy of this prior estimate is re-evaluated using
newer data as it becomes available to provide a posterior estimate of board reliability.
The traditional approach uses mini-computers or high-end workstations in a redundant
configuration to achieve high reliability. To ensure that there is no data loss, the
traditional systems have been known to use up to three high-rate storage media to capture
the raw telemetry downlink.

To grade the ‘ingest’ task, the requirement has to be stated in two parts. The system (a)
must capture all the data, and (b) must attain and maintain sync. The second part of this
requirement is met by both systems. For the first part, the HRTAS does not process data
with ‘bad sync’ patterns, since it is a pipeline processing system, and as a result discards



this data. However, for a successful downlink, the actual loss of data due to ‘bad sync’ is
less than 1%. The traditional approach uses the ‘store-and-process-later’ method, and
hence captures all the data onto disk or tape media in the raw form. Hence the score of
0.99 for the HRTAS and 1.0 for the traditional system. In the same way, the values for
the other tasks are evaluated using realistic, historical precedent for allowable errors,
delays, and usability. Table 3 shows the grading, reliability and reliability scores for the
two approaches.

Implementation Performance Reliability Reliability ScoreTask
HRTAS Trad. HRTAS Trad. HRTAS Trad. HRTAS Trad.

Ingest
CRC Error Detection

0.99
1.0

1.0
1.0

1.0
1.0

1.0
1.0

0.9987 0.9907
0.9608

0.9887 0.9907
0.9608

RS Error Correction
Packet Extraction

1.0
1.0

1.0
1.0

1.0
1.0

0.5
0.5

0.9807 0.9608
0.9608

0.9807 0.4804
0.4804

Level-Zero
Processing

1.0 1.0 1.0 0.8 0.9987 0.9608 0.9987 0.7686

Back-end Processing
Distribution

0.9
0.9

1.0
0.9

0.95
0.75

1.0
1.0

0.9974
0.9945

0.9974
0.9945

0.7675
0.6713

0.9974
0.8950

Graphical User
Interface

0.9 1.0 0.85 1.0 0.9947 0.9947 0.7609 0.9947

Build-in Capability
for Future Needs

0.8 0.5 0.8 0.5 0.95 0.8 0.608 0.2

Table 3 Reliability Scores

The cost factor associated with this task implementation has two components, Cost-of-
Implementation CRi and Cost-of-Non-Implementation CRn. CRI is the cost of building in
reliability into the system to implement the task, and CRn is the estimated cost of re-
engineering if the system task fails. For example in the case of ‘ingest’, CRI for HRTAS
is in the order of the cost of the board. The CRn value for not capturing all the data is to
have a redundant system that is set to accept the complete stream of data ignoring the
sync errors. The redundant system cost is $230,000. For the traditional system, these
values are in the order of the ingest system i.e. $500,000. Similarly, the values for the
other tasks may be calculated. For example, the CRI and CRn values for the level zero
processing task may be estimated as follows; for HRTAS the values are CRI is $90,000
{~ 1/3(cost of system $230,000) + $20,000} and CRn is $20,000, cost of the board.
Whilst for the traditional system, CRI is approximately $175,000 and CRn is $50,000. To
ensure that the comparison is not prejudiced, the ‘best-case’ scenario is assumed for the
traditional system and the ‘worst-case’ scenario for the HRTAS. The Cost-Benefit ratio is
evaluated as follows and is shown in Table 4 for each task and the overall system.

Cost-Benefit Ratio = CR = (CRI + CRn)HRTAS/( CRI + CRn)Traditional



From the CR values and the Reliability Scores from Table 3, the Cost-Reliability Benefit
for each task and the overall system is evaluated, and shown in Table 4.

Cost-Reliability Benefit = CR x Requirement Weighting x (Reliability Score
RatioHRTAS/Traditional )

HRTAS TraditionalTask

CRI CRn CRI CRn

Cost
Benefit
Ratio

Reliability
Score Ratio

Cost
Reliability

Benefit
Ingest
CRC Error Detection

70K 230K 500K 100K 2.0 2.078 2.078x1

RS Error Correction
Packet Extraction

70K 20K 175K 50K 2.5 10.622 10.622x1

Level-Zero Processing 90K 20K 175K 50K 2.05 2.663 2.663x1
Back-end Processing
Distribution

40K
40K

25K
25K

450K 50K 3.85 2.339 2.339x0.8

Graphical User Interface 5K 10K 10K 10K 1.34 1.025 1.025x0.5
Build-in Capability – Future 50K 50K 200K 500K 7.0 21.28 21.28x0.4

System Cost-Reliability Benefit: 26.259

Table 4 Cost Reliability Benefit

COST-SCHEDULE

Costs incurred in meeting schedules for operational systems are an order of magnitude
higher than those incurred for a test system. Together with the tenet of ‘faster, cheaper
and better’, NASA has also changed the way of doing business. The responsibility for
spacecraft support has been transferred to the mission projects with fixed budgets. This
calls for tighter schedules and lower budgets. With the advent of faster and higher
volume data downlink, the project has to develop newer systems in half the time with the
same or better levels of performance.

Given the Cost of Time, Ctime and the Budget, the Cost-Schedule Benefit is evaluated for
the HRTAS on a task by task basis. Using the same functional allocation the time to
develop a ground system may be enumerated in one of two ways, (1) time to develop a
new system from scratch Tnew, or (2) time to enhance an existing system to support a new
mission Tenhance. In the first approach, the NRE costs have to be included and this requires
adding the manpower costs needed to meet the schedule. The total schedule cost will
include the cost of time to re-engineer errors and re-test the same. For example, the ingest
task for the HRTAS is implemented in hardware – an integrated circuit (PIFS chip),
software – embedded in firmware to setup and enable the chip; and monitor and account
for the processing statistics. The time to develop, fabricate and test this task is shown in
Table 5, as follows:



HRTAS Ingest Task – PIFS Chip on RLP Card
Function Budgeted – Time

(months)
Actual - Time

(months)
Manpower
(man-years)

Cost Schedule
($K)

Develop & Design 24 30 2 200
Fabricate 2 2 Contract 300
Test Chip 2 2 0.2 20
Develop Software 4 4 0.4 40
Develop Firmware 2 2 0.2 20
Integrate & Test 3 4 0.8 80
Correct Errors 6 2 0.4 40
System Test 2 2 0.4 40

Cost-Schedule 740

Table 5 Ingest HRTAS Cost - Schedule

Similarly the schedule cost for the traditional system is tabulated and shown in Table 6.
The best case scenario has been used so as not to prejudice the comparison.

Traditional Ingest Task – Hardware Front-End & Software Processing
Function Budgeted – Time

(months)
Actual – Time

(months)
Manpower
(man-years)

Cost Schedule
($K)

Develop & Design
Hardware

24 30 2 200

Develop Software 12 12 2 200
Develop Firmware 6 6 1 100
Integrate & Test 6 6 1 100
Correct Errors 6 6 1 100
System Test 6 6 1 100

Cost–Schedule 800

Table 6 Ingest Traditional Cost - Schedule

It should be noted that the NRE costs keep the two systems within the same order of
magnitude where the schedule is concerned. It must however be pointed out that the
element that caused the greatest contribution to the cost for the HRTAS, is the fabrication
task that is contracted to an outside source and hence the control is lost at that point. In
keeping with the requirement that the system should be flexible enough to be enhanced at
low cost to meet the new mission requirements, the following cost elements are tabulated
in Table 7.



Enhance Ingest Task
HRTAS Traditional Cost Schedule($K)Function

Time Manpower Time Manpower HRTAS Trad.
Cost Schedule

Ratio
Enhance Design 6 0.5 18 1.5 50 150 3
Develop Software 1 0.2 24 3 20 300 15
Develop firmware 0.5 0.1 0.5 0.1 10 10 1
Correct Errors 2 0.3 6 0.9 30 90 3
Integrate & Test 2 0.2 6 1 20 100 5

Ingest Cost–Schedule Benefit 130 650 5

Table 7 Ingest Enhancement Cost Schedule Benefit

Thus in a similar manner the Cost-Schedule Benefit can be calculated for all the different
elements in the two systems, and these are tabulated in Table 8. To evaluate the overall
System Cost-Schedule Benefit, it is necessary to sum the manpower requirements and
then calculate the ratio.

HRTAS TraditionalTask
Time Manpower Time Manpower

Schedule
Benefit Ratio

Cost
Schedule

Ratio
Ingest
CRC Error Detection

11.5 1.3 54.5 6.5 4.74 5.0

RS Error Correction
Packet Extraction

0.1 0.02 1
2

0.2
0.4 30 30

Level-Zero Processing 0.2 0.04 6 0.5 30 12.5
Back-end Processing
Distribution

1
2

0.2
0.4

12
12

1
1 8 3.34

Graphical User Interface 1 0.2 1 0.2 1 1
Build-in Capability – Future 2 0.4 2 0.4 1 1

System Cost–Schedule Benefit
17.8

2.56
90.5

10.2
5.08

3.98

Table 8 Cost Schedule Benefit

Cost-Schedule Benefit = � (Traditional ManpowerTASK)/� (HRTAS ManpowerTASK)

COST-REPLICATION

The replication cost is a straightforward cost of reproducing the same system. The cost is
based on the cost of parts, integration and test and labor cost associated with the same.
The NRE costs are up-front expenses, which are not included in the evaluation. Table 9
shows the replication cost benefit evaluation based on relative market prices and
information.



Task Assignment HRTAS Traditional System Cost Replication Ratio
Ingest & Error Detection 500,000 2.17
Error Correction & Packet
Extraction
Level-Zero Processing

350,000 1.52

Back-end Processing &
Distribution

230,000

450,000 1.95

Graphical User Interface 5,000 10,000 2.0
Build-in Capability -Future 50,000 200,000 4.0

System Cost-Replication Benefit 285,000 1,510,000 5.29

Table 9 Cost Replication Benefit

FUTURE CAPABILITY

With the newer and better technologies in the pipeline, it is but inevitable that the systems
are going to be more complex yet smaller and albeit orders of magnitude faster. The
single-chip-solution for the basic tasks may be developed into a single chip solution for
the whole LZP system. If this happens then the cost benefit increases an order of
magnitude. The chip could be developed using commercially available Intellectual
Property (IP) that is optimized for speed, size or functionality. These elements may be
acquired in the VHDL media whereby the designer has the option to optimize these
criteria.

CONCLUSIONS

From the paper it is obvious that the technological advances in systems and hardware
have opened the door to hitherto unattainable data rates. The ability to include the whole
solution on complex and yet easily replicated hardware has removed the responsibility
from the platform and software-processing environment. The greatest cost benefit has
been in system reliability, which is in keeping with the classical theories: namely smaller
and easily renewable elements increase the reliability of a system.
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CREATING FLOATING POINT VALUES IN MIL-STD-1750A 32 AND
48 BIT FORMATS: ISSUES AND ALGORITHMS
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ABSTRACT

Experimentation with various routines that create floating point values in MIL-STD-
1750A 32 and 48 bit formats has uncovered several flaws that result in loss of precision
in approximation and/or incorrect results. This paper will discuss approximation and key
computational conditions in the creation of values in these formats, and will describe
algorithms that create values correctly and to the closest possible approximation. Test
cases for determining behavior of routines of this type will also be supplied.
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INTRODUCTION

Many space vehicles' processors are based on MIL-STD-1750A architecture, while the
ground control systems which drive them often are not. A key component of these ground
control systems, therefore, is a set of algorithms to create values in MIL-STD-1750A
format. Creation of 32 and 48 bit floating point values in this format is the subject of this
paper.

In order to correctly create floating point numbers in this format, a thorough
understanding of certain topics is required. These topics include: the MIL-STD-1750A
definition for floating point values, the need for approximation, truncation, rounding, and
limits handling. Because MIL-STD-1750A floating point values are represented by the
combination of a fractional mantissa and an integral exponent, a basic understanding of
this form of numeric representation and its associated computations is also required.



NOMENCLATURE

Throughout this paper, certain terms and conventions will be used in the text and in
equations. The definitions of these terms and conventions are as follows:

      o  1750A: shorthand for MIL-STD-1750A
      o  m: mantissa
      o  e: exponent
      o  i: integer
      o  f: floating point number
      o  ^: signifies the operation of raising to a power
      o  *: signifies multiplication
      o  ~: denotes equivalence

Parentheses will be used to show the order of numeric operations, the innermost
operations to be performed first.

MIL-STD-1750A FLOATING POINT VALUE DEFINITION

A 1750A floating point value consists of a mantissa and an exponent. The value
represented is the product of the mantissa multiplied by (the value 2 raised to the power
of the exponent), as shown in the following equation:

f = m * (2^e)

The mantissa is a fraction in the following range:

-1.0 <= m < -0.5 or 0.5 <= m < 1.0

The exponent is an integer in the following range:

-128 <= e <= 127.

A special case of mantissa and exponent both equal to zero is also allowed.

In 32 bit 1750A format, the leftmost bit is the mantissa sign bit, the next 23 bits hold the
mantissa, and the last 8 bits hold the exponent, as shown in the following table:

sign mantissa - most significant exponent
  bit 0      bits 1 - 23                                        bits 24 - 31



In 48 bit 1750A format, the leftmost bit is the mantissa sign bit, the next 23 bits hold the
most significant portion of the mantissa, the next 8 bits hold the exponent, and the
remaining 16 bits hold the least significant portion of the mantissa, as shown in the
following table:

sign mantissa - most significant exponent mantissa - least significant
  bit 0       bits 1 - 23                                       bits 24 - 31  bits 32 - 47

Floating point values are normalized, such that the mantissa sign bit and the next bit must
be of opposite value, except in the special case of 0.0.

APPROXIMATION

Representation of a floating point value in 32 or 48 bit 1750A format often requires
approximation due to the fact that there are a finite number of floating point values that
correlate directly to values representable in a 1750A mantissa bit pattern, but there are an
infinite number of floating point values that may need to be represented. If a value to be
represented would reduce to a mantissa that is not directly representable in a 1750A
mantissa bit pattern, then the bit pattern directly above or directly below the actual
mantissa value must be used. To arrive at one of these choices, one of two methods can
be used: truncation or rounding.

Truncation results in choosing the mantissa bit pattern directly below the actual mantissa
value, regardless of whether the value is closer to the mantissa bit pattern below it or to
the one above it. Consequently truncation will not result in the closest possible
approximation when the value to be represented is closer to the mantissa bit pattern
directly above it.

Rounding results in choosing either the mantissa bit pattern directly above or the one
directly below the actual mantissa value, depending on which one is closer, (values at the
midpoint between the two are rounded up). This results in the closest possible
approximation in all cases. The rounding approach will be described in this paper.

CALCULATING MANTISSA AND EXPONENT VALUES

Given a floating point number, the first step in creating the 1750A representation is to
compute the mantissa and the exponent. To do this, the floating point value is repeatedly
divided by (2^e), the exponent beginning at zero and being incremented or decremented
by one, until either the quotient is in the valid mantissa range or the exponent exceeds the
valid exponent range. If the exponent exceeds the range, then the value cannot be
represented in 1750A format.



The direction in which to move the exponent is determined by the following: if the
original floating point value is either greater than the highest valid positive 1750A
mantissa value or less than the lowest valid negative 1750A mantissa value, then the
exponent is incremented; if the original floating point value is between the highest valid
negative 1750A mantissa value and 0, or between 0 and the lowest valid positive 1750A
mantissa value, then the exponent is decremented.

Of course, if the original floating point value is already within the valid mantissa range,
then the mantissa is set to the floating point value and the exponent is set to zero. Also, if
the original floating point value is zero, then the mantissa and exponent are both set to
zero.

Two limit conditions that may be encountered in these initial calculations are for the
mantissa and for the exponent. Although these limit checks are straightforward some
1750A conversion routines do not detect them properly. (See items number 1 and 2 in the
Appendix for test cases).

The next step applies only to negative mantissa values. If the mantissa is negative then it
must be adjusted to a positive value in order to calculate the mantissa bit pattern. This is
accomplished by adding 1.0 to the negative mantissa value. Also, the fact that the
mantissa was originally negative must be remembered for later processing.

At this point, the previously negative mantissa will now be a positive value in the
following range:

0.0 <= m < 0.5

And remember the range for an originally positive mantissa:

0.5 <= m < 1.0

CREATING THE MANTISSA BIT PATTERN

Since both the 32 and the 48 bit 1750A formats have a 23 bit area in which to map the
mantissa, the first step is to create the bit pattern in this area.

In 23 bits, the available positive (integral) values are in the following range:

0 <= i < (2^23)



The range of the mantissa value calculated in the previous section is:

0.0 <= m < 1.0

The first computation to perform is to multiply the mantissa value by (2^23). This will
result in a floating point number in the following range:

0.0 <= f < (2^23)

If the resulting floating point number does not contain a fractional part, then the number
can be directly represented in the 23 bit area. If it does contain a fractional part then
approximation is required, and the next step depends on whether a 32 or a 48 bit 1750A
format is being created.

In the case of the 32 bit format, there is only the single 23 bit area in which to represent
the mantissa; therefore rounding is performed to determine whether the previous or the
next integral value is closer to the value being represented. This integral value is then
mapped into the 23 bit area.

For the 48 bit format, in addition to the 23 bit area there is an extra 16 bit area in which to
represent the mantissa. The integral portion of the result of the multiplication of the
mantissa value by (2^23) is mapped directly into the 23 bit area. The fractional portion of
the result needs to be mapped into the 16 bit portion. For this, an additional computation
similar to the computation for mapping the initial value into 23 bits is required.

In 16 bits, the available positive (integral) values are in the following range:

0 <= i < (2^16)

The range of the fraction to be mapped is:

0.0 <= f < 1.0

Therefore the fraction is multiplied by (2^16), resulting in a floating point number in the
following range:

0.0 <= f < (2^16)

If the resulting floating point number does not contain a fractional part, then the number
can be directly represented in the 16 bit area. If it does contain a fractional part, then
approximation is required. Since this is the final area in which to represent the mantissa,
rounding is performed on this value to determine whether the previous or the next



integral value is closer to the value being represented. This integral value is then mapped
into the 16 bit area.

MANTISSA ROUNDING AND LIMITS PROCESSING - 32 BIT FORMAT

In the case of the 32 bit format, rounding was necessary to map the mantissa value into
the 23 bit area if multiplying the mantissa value by (2^23) resulted in a product with a
fractional part. There are two limit conditions that must be checked in this case: the upper
limit for an originally negative mantissa value and the upper limit for an originally
positive mantissa value.

Recall that an originally negative mantissa was added to 1.0 to arrive at a value in the
following range:

0.0 <= m < 0.5

while the range of an originally positive mantissa value was:

0.5 <= m < 1.0

Mapping these to available values in 23 bits yields a range of:

0 <= m < (2^22)

for an originally negative mantissa value, and a range of:

(2^22) <= m < (2^23)

for an originally positive mantissa value.

Since these ranges are inclusive on the lower end but exclusive on the upper end, if the
rounding results in the value (2^22) for an originally negative mantissa value or the value
(2^23) for an originally positive mantissa value, then the upper limit has been exceeded.

The action to take in these cases consists of determining an equivalent mantissa/exponent
combination where the mantissa is within the valid range.

For an originally negative mantissa value, instead of (2^22) a value of 0 is used in the 23
bit mantissa portion and the exponent is decremented by one. This works because (2^22)
is the 23 bit representation of 0.5, which is invalid for an originally negative mantissa, but
0 is the 23 bit representation of 0.0, which is valid. The originally negative mantissa was
added to 1.0 to arrive at the value to map into 23 bits, so this adjustment actually means



that the mantissa value is being changed from -0.5 to -1.0. Performing this adjustment
and decrementing the exponent produces an equivalent value because the following two
equations are equivalent:

( -0.5 * (2^i) ) ~ ( -1.0 * (2^(i-1)) )

For an originally positive mantissa value, instead of (2^23) a value of (2^22) is used in
the 23 bit mantissa portion and the exponent is incremented by one. This works because
(2^23) is the 23 bit representation of 1.0, which is invalid for an originally positive
mantissa value, but (2^22) is the 23 bit representation of 0.5, which is valid. Performing
this adjustment and incrementing the exponent results in an equivalent value because the
following two equations are equivalent:

( 1.0 * (2^i) ) ~ ( 0.5 * (2^(i+1)) )

After incrementing or decrementing the exponent its limits must be rechecked. If
exceeded, then the value cannot be represented in the desired 1750A format.

See item number 3 in the Appendix for a test case to check this condition.

MANTISSA ROUNDING AND LIMITS PROCESSING - 48 BIT FORMAT

In the case of the 48 bit format, rounding was necessary to map the fractional part into the
16 bit area if multiplying the mantissa value by (2^23) resulted in a product with a
fractional part and multiplying that fractional part by (2^16) also resulted in a product
with a fractional part. There is one limit condition that needs to be checked in this case,
but handling a limit exceeded condition in this case requires the limit checks described in
the previous section to be performed as well.

The fraction to be represented in the 16 bit portion is in the following range:

0.0 <= f < 1.0

Mapping this to available values in 16 bits yields a range of:

0.0 <= f < (2^16)

Since this range is inclusive on the lower end but exclusive on the upper end, if the
rounding results in a value of (2^16) then the upper limit has been exceeded.



The action to take in this case consists of setting the 16 bit portion to 0 and incrementing
the 23 bit portion by 1. This works because (2^16) is the 16 bit representation of 1.0, and
this value is the fractional part of the value being represented in the 23 bit portion.

After incrementing the 23 bit portion, the 32 bit format limit checks and handling
described in the previous section must also be performed.

See item number 4 in the Appendix for a test case to check this condition.

COMPLETING THE CONVERSION

The final steps in creating the 1750A formatted value are to represent the exponent and to
turn on the mantissa sign bit if necessary. The exponent bit pattern is simply the ASCII 8
bit signed character representation of the exponent value. The mantissa sign bit is turned
on if the originally calculated mantissa was a negative value.

CONCLUSION

Utilization of the algorithms described in this paper results in the correct calculation of
1750A 32 and 48 bit formatted floating point values to the closest possible
approximation. Several other conversion algorithms currently in use do not achieve this
goal primarily due to improper handling of the limit conditions described here. It is hoped
that the ground control systems software development community will benefit from this
information.

ANSI C code that implements the algorithms described in this paper is available for use
under the terms of the GNU General Public License. It can be downloaded from the
Storm Control Systems FTP site, ftp://ftp.storm.com/pub/archive.

APPENDIX - ROUNDING AND LIMITS HANDLING TEST CASES

In the following cases 1750A formatted outputs are shown in hexadecimal.

1.  Mantissa Limits Handling

A 1750A mantissa must be in the following range:

-1.0 <= m < -0.5 or 0.5 <= m < 1.0

Some conversion routines improperly allow a mantissa of -0.5 or 1.0. The following
example can be used to check for this error:



Input:  -0.5
Correct 32 bit representation: 80 00 00 FF
Correct 48 bit representation: 80 00 00 FF 00 00
Incorrect 32 bit representation: C0 00 00 00
Incorrect 48 bit representation: C0 00 00 00 00 00

2.  Exponent Limits Handling

A 1750A exponent must be in the following range:

-128 <= e <= 127

Some conversion routines do not check for underflow or overflow conditions. The
following example can be used to check for this error:

Input:  (2^127)
Correct 32 and 48 bit 1750A condition: exponent overflow
Incorrect 32 bit representation: 40 00 00 80
Incorrect 48 bit representation: 40 00 00 80 00 00

3.  23 bit mantissa portion rounding, limit detection and handling

Rounding the 23 bit mantissa portion in the case of a 32 bit 1750A representation results
in the closest possible approximation of the value to be represented, but also necessitates
checking and handling limit conditions. The approach described in this paper utilizes
rounding; but some conversion routines utilize truncation instead, which does not result
in the closest possible approximation in cases where rounding up would have occurred.
The following example can be used to check for whether 23 bit mantissa portion
rounding occurs, and if it does whether the rounding limit conditions are checked and
handled properly:

Input:  0.9999999523162841796875
Correct rounding, limit condition checks and handling: 40 00 00 01
Rounding attempted, non-detection/handling of limit conditions: 80 00 00 00
No rounding attempted, truncation used instead: 7F FF FF 00

4.  16 bit mantissa portion rounding, limit detection and handling

Rounding the 16 bit mantissa portion in the case of a 48 bit 1750A representation results
in the closest possible approximation of the value to be represented, but also necessitates
checking and handling a limit condition. The approach described in this paper utilizes
rounding; but some conversion routines utilize truncation instead, which does not result



in the closest possible approximation in cases where rounding up would have occurred.
The following example can be used to check for whether 16 bit mantissa portion
rounding occurs, and if it does whether the rounding limit condition is checked and
handled properly:

Input:  0.500000119208925752900540828704833984375
Correct rounding, limit condition checking and handling: 40 00 01 00 00 00
Rounding attempted, non-detection/handling of limits condition: 40 00 00 00 00 00
No rounding attempted, truncation used instead: 40 00 00 00 FF FF



Study of Multichannel Acquisition Method of Impulse Parameters

Mingji Yang
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Abstract

One of the primary tasks of a telemetry system is able to acquire multichannel impulse
parameters. Some of the defects of old methods such as, low availability of equipment,
channels and data never suit the needs of the requirements for the modern telemetry
system, it would be more small, rapid, flexible and low cost. This paper gives a new
method, it raises the availability mentioned above and forms an integrated telemetry
system with the acquisition of other parameters, so it satisfies the requirements for
modern telemetry system.
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INTRODUCTION

According to the bandwidth of telemetry signals, they are divided into three classes: slow
varying signal, quick varying signal and super quick varying signal. Based on their
spectrum, impulse signals are the second, their parameters are one of important
parameters that telemetry system needs to acquire.

The impulse signal has own characteristics, its waveform is approximately shown in Fig.
1, it is a damped oscillation, its spectrum is plenty, from hundreds Hz to ten odd kHz (for
example, shock signal and noise signal). Its another characteristic is burst that its duration
is short (generally less than 200 ms).

Comparing the old acquisition method with the new one, which will be developed in
detail below. The defects of the former are obvious.

There were two acquisition methods before:

One is that the acquisition of an impulse parameter engrosses a channel in full time.
Obviously, this method is unreasonable. The most of acquisition data is useless, which



makes utilization ratio of equipment and channel very low. It causes lower availability of
data and a lot of useless data is stored.

Figure 1 The waveform of the impulse parameters.

The other is more reasonable than the above-mentioned method. When the impulse signal
starts, it is acquired, coded and stored according to quick varying signal, after definite
acquisition time it will be sent repeatedly by way of a slow varying signal in telemetry
frame. The signal received in ground telemetry station is processed to come back to the
original form. This method increases utilization ratio of channel and data, it improves
receiving reliability by multiple retransmission.

Although the second method is improved, the acquiring-starting command will be sent to
the telemetry equipment of a telemetry object by the ground telemetry station, before an
impulse signal starts. For all kinds of reason, the command will be sent about hundreds
ms in advance. This makes acquisition time lengthening and data size increasing
(including useless data). It causes many adverse consequence such as, the memory
capacity increases unnecessarily and the effective data transfer rate decreases. If total
time of transmitting data is definite, the number of times of retransmission is reduced,
therefore reliability of reception is reduced, too. The memory capacity in the ground
station is accordingly increased.

Based on above analysis it is shown that the two methods are imperfect and a new
method need be found. Because the above methods have common defects that the ratio of
effective acquiring data is low, the paper [2] gave a method, the acquiring-starting signal
is generated by the impulse signal itself, instead of sent by the ground station. In the way
useless waiting time can be saved, so that it makes sure that the acquisition data is valid
data.
The paper [2] makes use of a self-starting signal, so that an acquisition circuit can only
acquire a fixed impulse parameter, and the device availability is still not high. Because of
hysteresis effect of the self-starting signal, in order to sure that very useful leading edge
data of impulse parameters is not lost, set up a small periodic acquisition-storage device
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is needed to store the data of leading edge and to judge when the impulse parameter
arises and then to jump to acquire the following signals. Obviously, its control is complex
and data can be lost for jump.

A New Acquisition Method

To overcome above defects, raise the utility factor and satisfy the need of the modern
telemetry system, based on the paper [2] the author presents a new method that gives
consideration to various telemetry applications, as illustrated in Fig. 2.

Multiple Acquisition MUX

Under the control of clock and control circuit, it transfers n impulse signals to m
acquisition circuits, according to time-division signals are acquired. Its bandwidth should
be suitable to acquired signal, the transfer speed is different in diverse applications, and a
high speed MUX is unnecessary in general.

Clock and Acquisition Control Circuit

According to the signal come from the decision device for the signal arising and ending
and predetermined rules (mainly about time and event) it controls switch over the line of
the Multiple Acquisition MUX and provides the acquisition clock for acquisition circuits
(according to specific applications, the clock can be different). To make the system
possess adaptability, this part of the circuit should possess intelligence (programmable or
computer-controlled) in the light of the actual need.
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Figure 2  Acquisition method of impulse parameters.



The Decision Device for the Signal Arising and Ending

The decision device for the signal arising and ending is controlled by the clock and
acquisition control circuit. According to the requirements of various impulse parameters
for real-time, precision and data availability, it adopts different way to deal with them.

(1) Timed acquisition. Setting a start point and an interval of time, in which the
impulse parameter is acquired. This method is suitable for the high requirements to
real-time and precision, but its availability is lower (than the two next). Its principle
is shown in Fig. 3.

(2) Self-starting acquisition. First small cyclic acquisition-storage is initiated, when
the impulse signal is detected, starting signal is generated to acquire the following
signal. This method is suitable for acquisition parameters, which do not need high
real-time and precision, actually, the advantages are better real-time and higher
availability. It has strict requirement for the output amplitude of the sensor, its anti-
interference ability is relatively poor, and its key diagram is shown in Fig. 4.
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(3) Data Processing Acquisition. Impulse parameters of the requirements of loose
real-time but high precision will be acquired and stored in specified time interval,
then data is processed, so that only useful data will be transmitted.

Acquisition Circuits

The number of acquisition circuits depends on how many impulse parameters acquired at
the same time. Since time-division multiplexing (TDM) is used, so that service efficiency
of equipment is evidently improved.

Concluding Remarks

When CCSDS formulates the packed telemetry standard the range of telemetry task is
extended to almost all transferring down-line data, and data size is more and more large,
therefore it is very necessary to improve availability of data. Under the trend of
miniaturized equipment, it is a primary aspect to raise utilization ratio of equipment. The
flexibility of telemetry equipment is one of pursued aim, especially in a smaller telemetry
market, they are an effective way for reduced the cost. In this paper, the given method
can satisfy the requirements above mentioned, so it is suitable for the need to modern
telemetry. Especially the method possesses very large flexibility, so it is suitable for
developing tendency in modern telemetry.
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USING THE AMD TAXI CHIPS IN A PARALLEL TO FIBER
INTERFACE

Robert W. Broffel
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ABSTRACT

To meet the security constraints for mission control rooms; the rooms must interface to
other systems via fiber optic cable. Analog data from DAC (Digital to Analog Converter)
outputs were initially brought into the rooms on copper wire. This paper outlines the
conversion to fiber optic cable using the AMD TAXI chips in our Optical Digital Interface
(ODI).
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INTRODUCTION

To meet the security constraints for the mission control rooms; the rooms must interface to
outside systems via fiber optic cable. Currently all data except the analog output from the
DAC boxes on the telemetry system is carried in and out of the control rooms on fiber
optic cable.

One proposal was to leave the DAC boxes in the same room as the telemetry systems. The
analog outputs would be converted to fiber in groups of thirty-two and sent to the control
room. It would then be converted back to analog to drive the strip-chart recorders. This
would use at least six fibers. To assure accurate data presentation the support personnel
would have to check the calibration of the DACs, the analog to fiber converters, and the
fiber to analog converters. This would be a burden to quick setup and trouble-shooting
requirements.

BODY

My proposal was to find or build a digital to fiber device. This would take the digital data
that would normally drive the DAC boxes and pass it down an optical fiber to the control
room. At the control room, a receiving unit would output the digital data to the DAC



boxes. The DAC boxes would then convert it to analog and drive the strip-chart recorders.
The only calibration needing to be checked would be that of the DAC boxes themselves.

I spent a number of hours over several weeks searching the Internet for leads to someone
who already had what we needed. I had no luck finding an off-the-shelf system that would
accept the amount (32 to 52 bits) with the volume (2 million samples per second) needed
to meet our requirements.

I then started looking for components that might be combined to give us what we needed.
While looking at data on an AMD TAXI chip; I found the technical manual on its use. In
this manual was an example of how to multiplex thirty-two bits through the chip, eight bits
at a time. There were several problems, peculiar to our systems, the design did not cover.
This necessitated some design changes. I also wanted to be able to expand from thirty-two
to forty-eight bits if needed.

The problems to overcome were:

* Expand to 48 or more bits.

* Insure the data strobe invoked only one transmission.

* Insure the source would not start the next sample before the current one was
transmitted.

* The receiver chips must stay synchronized.

The resulting design for the ODI transmitting unit allows for forty-eight bits to be sent per
sample from the system (figures 1 and 2). The chips are clocked with an off-the-shelf
12MHz oscillator; resulting in a serial rate of 120 million bits per second. Seven bytes (6
data, one sync) are transmitted per sample. The transmitter throughput is approximatly 1.7
million samples per second; resulting in a maximum of 8928 samples per second on each
of the 192 DACs. The system output is running at less than one million samples per second
which allows for some improvements before the ODI impacts the system output rate.

The receiver consists of four to six TAXI receiver chips wired in the cascade mode (Figure
3). According to the manual; this is only available in the commercial temperature 125Mb
chips. The ODI receiving unit is expandable from the normal thirty-two bits to forty-eight
bits by inserting two additional TAXI chips on the board. The receiver drives two DAC
boxes, through short ribbon cables, to provide a total of 192 DACs (24 strip charts of 8
pins each).



Both boards were fabricated on double-sided fiberglass by the Edwards AFB Engineering
Support section.

This interface is unidirectional and uses only one fiber per system to control room
connection. There is no error checking or correcting involved as none was available on the
normal interface.

The Hewlett-Packard HFBR-1115/2115 modules are used to interface the TAXI chips to
the standard 62.5/125 fiber runs in our building. The basic optical characteristics of the
H.P. modules are shown in the tables reproduced at the end of this document.

CONCLUSION

The use of these interfaces allows us to eliminate the waiver required to pass the DAC
data on copper wire into the mission control rooms. The local design and fabrication saves
the Air Force the expense of putting out a request and managing the resulting additional
contract.
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ABSTRACT

The Air Force SEEK EAGLE Office (AFSEO) was chartered by the Secretary of the Air
Force in December 1987. The mission of the AFSEO is to provide the United States Air
Force increased combat capability through central management of the aircraft-stores
certification process and provide in-house engineering and operations research
capabilities. Additionally, the AFSEO is required to ensure the future viability of the
aircraft-stores organic in-house capability with the insertion of evolving technologies.

To accomplish this mission, the AFSEO employs all phases of the test process; from
Digital Model and Simulation (DMS) to Open Air Range (OAR) flight tests. The AFSEO
desires to prepare for the future DoD environment, and minimize the cost of developing
its products that require advanced sensors and telemetry capability. For a number of
years, a mainstay in the process has been instrumented aircraft. These aircraft were
specially instrumented to support the mission of AFSEO. Similarly, stores were
instrumented to obtain environmental data such as loads and vibration.

With the rising cost of instrumentation and the national DoD trend to reduce the cost of
development and maintenance of instrumentation, a new method will need to be found.

Several advanced concepts in ground and airborne instrumentation at Eglin AFB are
needed to support the mission of the AFSEO. These include a new generation of
telemetry devices, sensors, and data acquisition components to provide rapid and cost



effective instrumentation of test aircraft, stores, and suspension equipment. The new
generation telemetry will provide integrated circuitry with “peel and stick” subminiature
telemetry sensors. These telemetry sensors will provide flutter and structural loads data
for aircraft-stores combinations. In conjunction with the telemetry sensors, advanced
aircraft platform instrumentation will be needed to match precision flight mechanics to
the spatial telemetry measurements for stress, strain, and dynamic activity of stores.

KEY WORDS

Digital Model and Simulation (DMS), Open Air Range (OAR), Spatial Telemetry
Measurements, Data Measurement Sensors, Simulation-Based Acquisition, Total System
Performance Responsibility (TSPR)

INTRODUCTION

The Air Force SEEK EAGLE Office (AFSEO) provides data, analysis, and engineering
judgement which is used to certify stores on USAF aircraft. AFSEO uses a full spectrum
of telemetry to support all phases of the test process; from digital modeling and
simulation (DMS) to open air ranges (OAR) flight tests as depicted in Figure 1. The work
of AFSEO can be categorized as compatibility engineering, ballistics, and safe escape.
Within these categories,
there are eight disciplines
used by AFSEO. These
are Fit and Function,
Electromagnetic
Compatibility/Elec-
tromagnetic Interference,
Flutter, Loads, Flying
Qualities, Store
Separation, Ballistics, and
Safe Escape: Each of
these disciplines needs
sensor measurements and
telemetry to evaluate their
safety-of-flight and functional capability.

The AFSEO desires to optimize the process of data measurement sensors and
transmitting this data via telemetry streams, for pre-test calibration and real time post-test
analysis. Additionally, AFSEO needs to minimize the cost and maximize the confidence
for future products. For a number of years, a mainstay in the certification process has
been instrumented aircraft. These aircraft were specially instrumented to support the
mission of AFSEO. Similarly, stores were instrumented to obtain environmental data
such as loads and vibrations. Finally, range instrumentation, such as radar and
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cinetheodolites, were used to generate time, space, and position information (TSPI)
necessary to evaluate aircraft store trajectories. With the rising cost of instrumentation
and the national DOD trend to reduce the cost and maintenance of instrumentation, a new
method needs to be found.

In addition to the requirements discussed above, there are several “external” pressures
that will affect the way AFSEO does business.

Acquisition Reform. This process has already shown major “savings” by simply
reducing the number of stores available for testing. This was done largely through the
assumption of improved use of digital simulation. For example, a typical air- launched
missile program would expend approximately 100 test missiles in the 80s to reach
milestone 3. To reach the same milestone today, less than 20 launches are planned by
program offices. This major reduction in the number of available stores for open air
testing will greatly affect AFSEO’s ability in the future.

Increased Complexity of Aircraft and Stores. There is simply no reasonable way, with
today’s complex aircraft and stores, to test every permutation. There will have to be
increased reliance on digital modeling and simulation and ground tests, in order to
focus the few open-air flight tests that will be possible.

Validation of Digital Modeling and Simulation Tools. With increased reliance on
digital modeling and simulation, will come increased requirements to generate data in
order to validate these codes. This will significantly increase the number of
parameters which will have to be measured on any given flight test.

Real Time Evaluation of Data. Because of reduced number of flight tests available,
more will have to be accomplished during each test to evaluate the same environment.
This means that increased reliance on real time evaluation of test results. This will
further increase the number of parameters being measured, as well as the requirements
for high speed computing.

Frequency Spectrum Selloff. The auctioning off of the frequency spectrum will
continue to decrease the available spectrum for test and evaluation (T&E).

CORE COMPETENCIES FOR THE AIR FORCE SEEK EAGLE OFFICE

Compatibility engineering encompasses a variety of areas required during the aircraft–
stores certification process, which includes engineering analyses, computer simulations,
wind tunnel tests, computerized physical fits, and flight tests. Ballistics and safe escape
analysis involves weapon delivery, accuracy verification, and computing safe fuze



arming times and distances required to avoid weapon fragments. These are
critical/necessary abilities that are directly related to successful mission accomplishment.

CURRENT ENVIRONMENT

Currently, the digital modeling and simulation (DMS) capability of AFSEO is used to
assess the ability of a store to interface with an aircraft, without adverse effect on either.
Thus, it is focused on stores and aircraft at or beyond milestone 3. This focus means that
the hardware is available and this hardware is usually used as the final validation of the
DMS and demonstration of the capability. Using these DMS capabilities at an earlier
phase of the acquisition process is desirable under simulation-based acquisition (SBA),
but will require significant effort.

Because of the use of flight testing for
final validation of the DMS and
demonstration of the capability as
shown in Figure 2, it is necessary to
instrument these flight tests to obtain
data necessary for validation and/or
evaluation. Such data as absolute TSPI,
relative TSPI, dynamic environment,
flight environment, stress/strain
environment, and handling qualities are some of the data required for the various DMSs.
These requirements have been met by using instrumented (internal, and therefore,
intrusive) aircraft and stores, and heavily instrumented test ranges.

Thus, the current environment involves merging of DMS, wind tunnel tests, and flight
tests in a mixture which supports air-to-air and air-to-ground weapon delivery analysis
for conventional and nuclear weapons. The AFSEO aircraft stores certification capability
is recognized as the most accurate, “hands-on”, certification process used in the joint
services. However, most of the DMSs that support this process are legacy codes that are
over 20 years old. The process and its supporting infrastructure have been optimized to
deal with aircraft and stores at or beyond milestone 3. The DMSs are thus engineering
tools that require significant engineering judgement in their application.

FUTURE ENVIRONMENT

Looking forward 5 to 10 years we can define a number of attributes/drivers for that future
environment. Each of these attributes and how they will affect the world of telemetry will
now be discussed. For purposes of this discussion, telemetry will include not only the
receiver, transmitter, or transceiver, but also the sensors.

Predict Test

Evaluate
Item

Evaluate
Model

Figure 2.  Dual Results of a T&E Event



Increased reliance on DMS. This attribute is a common thread through all the others.
It is the cornerstone of the future AFSEO environment. It assumes that our ability to
predict an engineering event will continue to improve exponentially. However, in
order to achieve this improvement, significant quantities of data are going to have to
be obtained, mostly from flight tests. This data will be required by AFSEO to validate
physics-based models or to generate empirically based models. In other cases, as
predictions become more detailed, data necessary to accomplish the validation will
have to be of higher fidelity.

Dedicated Flight Tests by Exception Only. This attribute implies that flight testing
will only be done if there is no other way to acquire the necessary confidence.
Therefore, the flight test will only be accomplished after all ground testing and DMSs
have been investigated. There will be tremendous pressure on the test agency to
acquire all necessary data that would preclude this flight test from being repeated.

Combined Testing will be Common. Most tests will have multiple purposes and
stakeholders. A “super data set”, composed of the data sets needed by each of the
stake holders, will then have to be acquired for these type tests.

Total System Performance Responsibility (TSPR). With all our weapon systems, both
aircraft and munitions, going to the TSPR format, the likelihood of multiple primes
being involved in any given test increases. This will add additional stakeholders to
each test. As a result, the number of parameters to be measured will probably increase.

Test Aircraft Availability. The number of aircraft dedicated to T&E, will decrease.
This will result in an increased use of operational aircraft to conduct T&E.

All-up Testing. The trend will be toward end-to-end testing of a weapon system. This
means putting aircraft in an operational environment and launching the weapon
against an actual target. This requires the instrumentation on the aircraft and the store
to be unobtrusive.

T&E Infrastructure. The T&E infrastructure will be relying more heavily on such
things as GPS to generate TSPI data. Use of radars will be limited as well as
cinetheodolites. The trend will be toward a more mobile test capability.

Considering all the above attributes, we see that the most probable future will call for
small, nonintrusive sensors, coupled to a communications method that is also
nonintrusive. This telemetry suite will have to be deployed on operational aircraft as well
as T&E aircraft. The sensors will have to be capable of generating data for absolute TSPI,
relative TSPI, dynamic environment of the aircraft and store, flight environment,
stress/strain environment, and handling qualities among many others.



POTENTIAL SOLUTIONS.

There is a significant amount of ongoing work using subminiature TM, coupled with
miniaturized sensors. This work is currently being done through Small Business
Innovative Research (SBIR) and Central Test and Evaluation Investment Programs
(CTEIP). It is believed that the culmination of these efforts will generate a solution to the
problems of the future. A
future test (Figure 3) may
combine the use of low-power
wireless sensors with low to
medium- power transceivers
to provide accurate
environmental measurements
of the actual test conditions.
Measurements of pressure,
attitude, temperature,
acceleration and strain could
then be correlated
with the DMSs and used for
validation purposes. It may
well be that a chase aircraft
will have to be used in order
to capture data from small transmitters. This data could then be encrypted and
retransmitted to a control site. However, even with these potential problems, the solution
appears to be a valid one given the advances in both miniaturization and telemetry
technologies.
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Figure 3. Future Aircraft-Store Test Scenario
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A Primer on Patents
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The telemetry industry is entering a new era in which the technology employed and
standards adopted may be covered by United States patents. This paper provides an
overview to aid in understanding the characteristics of patents. Topics discussed are:
What a patent is and isn't, scope of claim coverage of patents, determining infringement,
designing around patents, and issues with standards covered by patents.

Key Words: Patents, Intellectual property, Standards

INTRODUCTION

There is an increasing awareness by business and government of the availability of
patents as a commercial tool. The number of patents issued annually has nearly doubled
from 1988 (84,000) to 1998 (163,000), with an increase of 40% in the last year. Of
course, patents have been around for a long time, but the rate of technology development
is accelerating, and along with it the number of patent applications filed. The recent
recognition of the patentability of software has contributed to the increase.

Patents serve several purposes to a business. Licensing out a patent provides a potential
source for royalty income to increase earnings. A patent covering a product feature can
be used as a marketing tool, exploiting the perception that a patented feature must have
some advantage. A patent also can be used to reduce or eliminate competition, or at least
create barriers to entry into an industry. A patent holder who is not an active producer in
an industry would generally only use a patent portfolio offensively to seek royalties. An
industry participant would apply all the offensive uses, but also may use its patents
defensively or as a counter attack, leading to a cross license agreement with a competitor.

Patents in the defense industry have been less a factor influencing business than in the
commercial industry. This could be attributed to several factors. Government contracts
for production quantities frequently have only one or two suppliers; thus the nature of



competition is different. Development work done under contract with the government
generally resulted in the government (the customer in this case) having rights to the
technology royalty free. There was little value in having a patent. Another factor has been
the corporate culture within defense suppliers, where patentable innovation was thought
not to exist or there was little awareness of the potential for patenting development work.

Today, there is a growing crossover between commercial and defense technology. There
is a greater interest in commercializing defense technology, and a greater interest in
utilizing commercial equipment for defense needs. Incorporating more current
technology into defense systems also increases the chance of being covered by an
unexpired patent.

INTELLECTUAL PROPERTY

Intellectual property is intangible, non-physical property which has value because of the
rights represented. The intellectual property owner, as with physical property owners, has
the right to exclude others from using and interfering with the property. There are
limitations on the rights to use intellectual property; laws place limits on the permissible
uses and the rights are always subject to the rights of others. All these characteristics are
analogous to physical property rights.

The most prominent forms of intellectual property (IP) are patents, trademarks,
copyrights, and trade secrets. A brief understanding of the other forms of IP will aide in
understanding the distinction to patents, which are the main focus of this paper.

A trademark is a distinctive word, name, symbol, sound, or color (or combination of
these) used to identify goods made or sold and to distinguish them from goods made or
sold by others. Trademarks are used to allow a buyer to recognize a particular brand of
product when choosing among similar products sold by competitors. The trademark
ownership arises by actual use of the mark. State and federal registration of a trademark
is available to create certain legal presumptions that benefit the owner.

A copyright is the exclusive right of the author to reproduce an original work fixed in a
tangible medium, such as paper, phonorecord, computer disk, or later developed medium.
Copyrights do not protect any idea, concept, process, procedure, principle, or discovery.
The copyright protects against copying the embodiment; the idea embodied is not
protected. (17 USC §102, 106) Copyright protection is useful for documents, drawings,
brochures, cartoon characters, and computer programs. Copyright exists at the time the
work is created. Federal registration of copyrights is available, which provides additional
enforcement rights to the owner.



A trade secret is information that has economic value from not being generally known
and is subject to reasonable efforts to maintain its secrecy. Trade secret law provides a
remedy for the misappropriation of protected information against those that have
improperly acquired and used the trade secret. No right is created that prevents others
from using the information if they have properly obtained it, such as by reverse
engineering, independent development, or accessing publicly available documents. Trade
secrets are valuable to protect property that may not fall within the subject matter
requirements of a patent, such as customer lists, a formula, or manufacturing process.
While a patent has a finite term, a trade secret potentially last forever as long as it is not
generally know. The essential characteristic being secrecy, there are no registration
requirements and none is available.

All forms of intellectual property can be sold and licensed, in manners similar to tangible
property transfers. Unlike physical property, many people can possess IP at the same
time.

PATENT LAW

This discussion pertains to United States patent law. The principles are similar in other
countries with some notable exceptions, which will be identified. Patent statutes are
enacted by congress pursuant to the authority enumerated in the United States
Constitution, Article 1 Section 8, which states: "Congress shall have the power ... to
promote the progress of science and useful arts, by securing for limited times to authors
and inventors the exclusive right to their respective writings and discoveries." Federal
statutes establish patent law, Title 35 of the United States Code, and federal regulations,
Title 37 of the Code of Federal Regulations. There are no state laws establishing patent
rights.

A patent grants to the patent owner, for the term of the patent, the right to exclude others
from making, using, selling, or importing the claimed invention in the United States. The
definition is presented in these specific terms to emphasize the rights provided by a
patent, and to distinguish the rights not provided. A patent is only issued after a formal
examination by the patent office.

A patent is not a "right to use"; the only right granted is the right to sue another who
infringes the patent. A patent owner may be prevented from using his own invention
because of the rights of another patent owner. The right to sue is only for infringement of
the claimed invention. Many ideas and embodiments may be disclosed in the patent, but
the exclusive right is defined by the claims, that difficult to understand language at the
end of the document beginning with "I claim..." or "The invention claimed is...”. The
right lasts only for the term of the patent, starting with the issue date and ending 20 years
from the application date (or 17 years from the issue date if the application date was



before June 8, 1995, whichever is longer.) There are no rights at all until the patent issues
and when the patent expires the invention is in the public domain. The exclusive right is
only for activity in the United States, there are no rights in other countries unless a patent
is issued in that jurisdiction.

The word "patent" means "open". An issued patent is completely open to the public; the
patent document itself can be copied freely. In fact, the entire case file created during the
prosecution of the patent is available to the public once the patent issues. This file
includes the original application and all correspondence between the patent office and the
applicant. This openness after issuance is in contrast to the absolute secrecy maintained
by the patent office over the patent application and office proceedings until issuance. (35
USC §122) The applicant is generally free to disclose the invention while the patent is
pending, unless the disclosure is deemed to be detrimental to national security (35 USC
§181, 186).

In exchange for the grant of the exclusive right, the inventor must provide a written
description of the invention. This allows others to learn from the invention and improve
on it. By granting the exclusive right to the invention and the same time allowing the
public to learn about it, new innovation is encouraged as the public attempts to solve the
problem addressed by the invention in other ways to avoid infringing the patent.

The description must meet specific requirements (35 USC §112). The patent must
describe the invention in full, clear, concise, and exact terms sufficient to enable a person
of ordinary skill in the field of the invention to make and use the invention. The patent
must also set forth the "best mode" contemplated by the inventor to carry out the
invention. It is grounds for invalidating a patent to fail to provide an enabling disclosure
or to omit the embodiment preferred by the inventor. If there are secrets known to the
inventor to achieve a working invention they must be disclosed. The policy is that an
inventor should not be granted the valuable rights of the patent without fulfilling the
obligation to teach the public how to practice the invention.

Strictly speaking, a patent does not protect the idea, but the embodiment of the idea;
therefore, an operative description of a functional invention is required. Non-operative
inventions, such as perpetual motion machines or other attempts to defy the laws of
physics, or inventions lacking a proper description will be rejected during the patent
examination process.

Requirements for a Patent

There are three type of patents: Design, Plant, and Utility. A design patent is available for
an original and ornamental design for an article of manufacture. It does not cover the
functional aspects of a design, only its appearance. A plant patent is available for a



distinct variety of plant that is propagated by means other than with seeds. When the term
"patent" is used by itself, the reference is to a utility patent. Utility patents comprise 95%
of the issued patents and are generally of primary interest.

Utility patents are granted for the invention or discovery of any new and useful (1)
process, (2) machine, (3) article of manufacture, or (4) composition of matter, or any new
and useful improvement to an item in these categories. (35 USC §101) These four
categories are called statutory subject matter. Unless an invention is statutory subject
matter it cannot be patented, no matter how new, useful, or lucrative. Most things that can
be conceived and built can fit into one of these categories. A patent cannot be obtained
for an abstract idea, mathematical formula, or something that is performed solely in the
mind.

In addition to the affirmative requirements of new, useful, and non-obvious, there are also
factors that may cause loss of the right to a patent. (35 USC §102) The factors are: a) The
invention was known or used by others before it was invented by the applicant. The
inventors’ notebook can be used to establish the date of invention, and whether it pre-
dates the invention by others.  b) The invention was described in a printed publication
more than one year prior to the date of filing a patent application. c) The invention was
sold or offered for sale more than one year prior to the date of filing a patent application.
d) The inventor abandoned the invention. e) The applicant did not invent the invention.

Provision b) and c) above provide a one year grace period from the time the applicant
publishes a paper, sells, or offers to sell the invention until a patent application must be
filed. If more than one year lapses from the triggering event, the right to a patent is lost.
This is a distinction between U.S. patent law and the law of most other countries.
Elsewhere, there is usually no grace period; the patent application must be filed before
one of the triggering events occurs. Also, in the U.S. the first inventor is entitled to the
patent, elsewhere the first to file a patent application is awarded the patent.

Claims

There are two basis types of claims, a method claim and an apparatus claim. The method
is a sequence of steps by which something is transformed or processed. An apparatus is a
structure that performs some function. Each claim recites a number of elements and
defines the connection or interrelation between them. An element is a basic component
that has some identifiable property. The elements are also called limitations, because the
inclusion of each element limits the scope of the claim, narrowing the range of possible
products it covers.

The first claim in a patent is an independent claim; it is self-contained and lists the
complement of elements that comprise the invention. Another claim may be dependent



on an earlier recited claim (in the same patent), inheriting the elements of that claim and
adding or refining some element.

One difficulty in reading patent claims is the intense formality used in the form and
language. A claim is a run-on sentence using legalese. The requirement is to particularly
point out and distinctly claim the subject matter which the applicant regards as his
invention, and in doing so the claim drafter must follow the present rules of the patent
office as well as follow tradition.

Unlike normal conversation where a speaker may say "the car is red", in a patent claim
there must be antecedent basis in the description for each use of a term. Each term must
also be properly introduced with an indefinite article, as in "a car". After the introduction,
future references are made by using "said car" or "the car". So a hypothetical claim for a
speeding ticket magnet might read:

"The invention claimed is:
1. An apparatus for attracting moving violation citations comprising:

a car with an exterior surface;
means for providing motive force and rapid acceleration to said car; and
a red coloring material applied to said exterior surface of said car

whereby said car has enhanced visibility."

(Of course this invention is not patentable. It fails to meet one of the requirements: it's not
new.)

Another obstacle to reading patent claims is the use of the word "means". The use of
"means" in claim language is encouraged by the patent statute allowing for an element to
be expressed as a means for performing a specified function without the recital of
structure. The claim is construed to cover the corresponding structure described in the
specification and its equivalents. (35 USC §112) "Means for..." is short hand reference
for all the possible structures disclosed in the description. This language is used to
attempt to broaden the scope of the claim.

The Process of Obtaining a Patent

The process is started by filing a patent application, which after amendments during
prosecution will provide the text of the patent when issued. Prosecution is the phase
where the applicant deals with the patent office in an attempt to get a favorable set of
claims allowed and complies with the formalities necessary to get the patent issued.

The application contains the written description of the invention, drawings, one or more
claims, a declaration by the inventors, a filing fee, and a transmittal form. If claiming



small entity status (less then 500 employees) to pay lower fees, the appropriate
declaration must also be included. Additionally, if the inventors are transferring the
ownership in the invention, to their employer for example, an assignment of invention is
included.

The inventors’ declaration is a statement by the inventors that they believe they are the
true inventors and they acknowledge the duty to disclose material information to the
patent office, such as known prior art.

A patent application works its way through the administrative processing of the patent
office until it is assigned to an examiner. The examiner will perform a search of prior
patents and publications to determine if the invention is new, as well as meeting the other
formal requirements for a patent. The first communication from the examiner to the
applicant, or the patent attorney of record, will occur from six months to as long as two
years after filing. In this office action, the examiner will cite any prior art found to be
material to the application, object to any formal deficiencies, and reject or allow claims
based on the results of the examination. The applicant responds, attempting to overcome
the rejections or by amending the claims to limit the scope as allowed by the prior art.

When one or more claims are allowed, the applicant pays an issue fee and the application
is prepared for publication. The time from filing the application to the grant and
publication of the patent averages around two years, longer or shorter depending on the
technology involved and the responsiveness of the applicant.

INFRINGEMENT

A patent is infringed by making, using, selling, offering to sell, or importing the patented
invention without authority. (35 USC §271) Authority is present in the owner and anyone
who has a license granted by the owner of the patent. The "patented invention" means the
invention defined by the claims of the patent. A patent may have many claims,
infringement occurs if at least one of the claims is infringed. The "accused product" is the
potentially infringing product in question. The question that occupies judges and juries
during an infringement trial (and makes the lawyers a good living) is "when is the
accused product covered by the claims of the patent?" Defining when the answer is "yes"
is clear in theory, but in practice the answer is less clear.

A patent claim is infringed when the accused product has present every element recited in
the claim of the patented invention. If the accused product does not have every element in
the claim, then it does not infringe. If the accused product has every element in the claim,
and adds some others, it still infringes. (Although, if the additional elements are new,
useful, and non-obvious, then the accused product might have been a good candidate for
another patent.)



Figure 1 attempts to model the infringement of a patent using familiar circuit functions.
The first step is to identify each element of the patent claim and compare it to the accused
product, element by element, to see if they match. If each comparator output is TRUE,
the condition for the AND gate is satisfied and infringement of the claim is TRUE. If at
least one claim is infringed, the condition for the OR gate is satisfied and infringement of
the patent is TRUE. Note the addition of the fuse, representing validity of a claim. If a
claim is invalid, the fuse is open preventing a condition of infringement. A dependent
claim, which depends as it does on another claim, has an input from the result of the
corresponding claim. It can be seen from this logic that there can be no infringement of a
dependent claim unless there is infringement of the independent claim on which it
depends.

The comparing operation is shown with an "approximately equal" symbol. This is
because the literal meaning may be expanded somewhat by a judicially established rule
known as the doctrine of equivalents. This doctrine has undergone varying interpretations
in recent years, with the present trend being to limit its application. The doctrine of
equivalents states that an accused product may infringe a claim, although not literally
according to the words used in the claim, if the element at issue in the accused product
performs substantially the same function in the substantially same way to obtain the same
result. Graver Tank & Mfg. Co. v. Linde Air Prods. Co., 339 U.S. 605 (1950). The
application of the doctrine of equivalents, either to presume infringement or as part of an
effort to design around a patent, is fraught with peril and should only be done with the
counsel of an experienced patent practitioner. This is a case where a person acting as his
own lawyer has a fool for a client.

During litigation it may be determined that one or more claims are invalid, due to a
number of possible reasons. Among them are: failure to provide an enabling disclosure in
the patent, committing a fraud on the patent office, and revelation that invention by
another predates the invention by the patentee. Fraud on the patent office arises during
prosecution for acts such as failing to disclose information known to be material to the
patentability of the invention, improperly designating the status of the applicant as a
small entity, or failing to properly designate the true inventors of the invention.

Designing Around

Intentional "designing around" the claims of a patent is not by itself a wrong. Designing
around a patent is, in fact, one of the ways in which the patent system works to the
advantage of the public in promoting progress in the useful arts, its constitutional
purpose. This statement was part of the opinion in Slimfold Mfg. Co v. Kinkead
Industries, Inc., 932 F.2d 1453 (Fed.Cir 1991). The case was decided by the Court of
Appeals for the Federal Circuit (CAFC), the appellate court which hears appeals in all



cases related to patents law.  The CAFC many times has the last word on patent law,
unless the U.S. Supreme Court hears the case.

The designing around effort would start by analyzing the claim that is intended to be
avoided. As illustrated by the discussion of Figure 1, if the competing product has
eliminated one of the elements of the claim, there is no infringement. If a claim element
can be substituted with another element that is substantially different in its function, way,
or result then infringement is probably avoided. One cannot know for certain that changes
are sufficient to avoid infringement until a judge or a jury has made that determination.
The Read Corp. v. Portec, Inc., 970 F.2d 816 (Fed.Cir. 1992). Clearly then, complete
avoidance of a claim element is the more definite approach to designing around a patent
claim. Designing around is a serious endeavor and should only be done with the advice of
legal counsel.

STANDARDS COVERED BY PATENTS

Commercial communications systems are almost always covered by some industry
standard in order to support multiple suppliers of compatible products. Patents covering
these standards have been common for years. Industry insiders participate in
standardization committees to develop an acceptable standard. A company representative
may contribute proposals embodying their patented or planned-to-be-patented techniques.
If the proposal is adopted, the licensing position of the company is improved, increasing
royalty income, or decreasing net royalty outflow. In the commercial context, standards
are developed and approved by industry supported organizations. The standards process
is governed by rules promulgated by organizations such as IEEE or ANSI.

Although not compulsory, the procedures of the American National Standards Institute
(ANSI) for the development of standards are instructive. ANSI is an organization that
coordinates the development of United States voluntary standards. The commercial
communications industry develops standards under ANSI procedures and numerous
government agencies are members, including the Department of Defense, NASA, and the
FCC.

A proposed American National Standard may be drafted in terms that include the use of a
patented item if it is justified based on technical reasons. The ANSI Patent Policy
requires a patent holder to provide a statement of assurance that a) a license will be made
available without compensation or b) a license will be made available to applicants,
which desire to utilize the license for purpose of implementing the standard, under
reasonable terms and conditions that are demonstrably free of any unfair discrimination.
Since a supplier would be infringing a patent by supplying a product conforming to the
standard, a license would be necessary. If the owner of the patent could deny a license, an
unfair and uncompetitive condition would result.



When specific technology is adopted by a standard, it can be done so in more than one
way. Language incorporating the technology can be drafted in specific and precise terms
as to the algorithm or processes. It can also be drafted in terms of the requirements sought
to be achieved, leaving the supplier to utilize the appropriate technology. To insure that
products from each supplier will be compatible, many functions of a system must be
specified in detail, thereby restricting alternatives. When specifying implementation
structure in a restrictive way, the choice of structure must be selected carefully. Using
specific language that locks in technology available in the present may preclude the use
of other technology available in the future.

CONCLUSION

A brief and superficial discussion of the complex field of patents has been provided. The
objective is to arm the reader with some familiarity of the principles. Caution must be
used when applying this knowledge, because there are subtle dangers that lurk beneath
the surface. Decisions are best made with a consideration of technical, business, and legal
factors. This requires utilizing a team of available resources, drawing from both inside
and outside an organization.

DISCLAIMER

This publication is intended to provide accurate and authoritative information in regard to
the subject matter covered. It is not intended to render legal advice, or apply to any
particular situation. If legal advice or other expert assistance is required, the services of a
competent professional person should be sought.
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THE USE OF TELEMETRY IN AN ELECTROMAGNETIC TEST
ENVIRONMENT

William J. Papich
US Army Redstone Technical Test Center

ABSTRACT

The U.S. Army Redstone Technical Test Center (RTTC) uses telemetry as a vital part of
its data acquisition and analysis for electromagnetic environmental effects developmental
testing of U.S. Army weapon systems. Testing in an electromagnetic environment poses
several unique challenges. These challenges have resulted in the development of highly
customized telemetry and data acquisition systems. This paper discusses the design and
integration of past and current telemetry needs to incorporate real-time or near real-time
simulations or scene generations into the testing process.

KEY WORDS

Frequency Modulation (FM), Hardware-in-the-Loop (HWIL), Radio Frequency (RF), Data
Acquisition, Pulse Code Modulation (PCM), Electromagnetic

INTRODUCTION

 U.S. Army weapon systems are tested extensively to ensure they function safely and
properly. There are several environmental tests that are performed during the
developmental cycle. Telemetry is used extensively in this testing. However, telemetry
used in an electromagnetic environment requires special design and integration.
Techniques and applications standard to most telemetry designs are not applicable. The
U.S. Army Redstone Technical Test Center (RTTC) has developed customized telemetry
to meet a weapon system’s individual requirements. These requirements range from
physical size constraints to faster data rates. It is important to be adaptable to changing
technology. Current electromagnetic testing is limited to a “static” or open loop functional
test. An initiative has begun to close the loop, similar to Hardware-in-the-Loop (HWIL)
testing, to obtain true weapon system performance characteristics. Meanwhile, the
integration of simulation techniques into developmental testing is placing more
requirements on the telemetry. Faster data rates, latency, and video are just a few areas
that need to be explored before these requirements can be met.



BACKGROUND

Testing in an electromagnetic environment differs greatly from other test environments.
The electromagnetic test environment is very extreme. Average electric fields (E-Fields)
can be produced with ranges from 10 to 200 V/m. In some instances for radar applications,
peak E-Fields can exceed 1000 V/m. The telemetry is not only required to operate in these
environments, but it must not produce additional coupling paths for the electromagnetic
energy to induce problems, either for the weapon system or the telemetry. Therefore, the
design and integration of the telemetry is very important for a successful electromagnetic
test program.

Several factors are involved in telemetry design and integration. Telemetry isolation,
physical connections, power requirements, data links, and data acquisition are some of the
major areas of concern. To avoid changing the electrical characteristics of the system, the
telemetry must be isolated from the system. However, this task is difficult and sometimes
impossible. Therefore, it is necessary to achieve the maximum isolation possible in the
telemetry integration. Physical connections within the weapon system are kept to a
minimum, especially the length. All external connections to the weapon system are
required to be nonconductive. Telemetry power is a vital part of the process. Typical
electromagnetic tests can last up to 16 weeks. Therefore, a reliable power source is
required to power the telemetry and sometimes the weapon system. The power source
must be internal to the system since no external physical connections are permitted.
Rechargeable nickel cadmium (NICAD) batteries provide an excellent power source.
However, NICAD batteries require recharging and weapon system size constraints limit
the number and type of batteries that can be used. To resolve this problem RTTC
developed an air turbine power supply. The air turbine is powered by an air compressor
with a nonconductive air hose and is capable of producing multiple voltages and
continuous currents in excess of 6 amps. The air turbine provides a very unique test
capability.

Another unique capability is the telemetry data link and data acquisition software. When
performing an electromagnetic test, it is necessary to obtain data either real-time or near
real-time. Post processing of test data results in test delays. Since a direct data link is a
conductive external connection that would induce additional problems and since a radio
frequency (RF) data link is not applicable due to the extreme electromagnetic test
environment; a fiber optic data link is the only viable solution. The fiber optic data link
provides a nonconductive means to transmit data to and from the data acquisition station.
Special in-house developed data acquisition software is used and tailored to meet a
weapon system’s individual requirements.



EM TELEMETRY

In recent years there have been several milestone accomplishments in telemetry designs
and data acquisition processes since the early use of standard Voltage Controlled
Oscillators (VCOs), discriminators, and analog strip chart recorders. Some of the first
upgrades consisted of the introduction of a 5-volt VCO, a Hewlett Packard HP-1000 series
computer, and the implementation of a printed circuit board (PCB) CAD system.

The low voltage VCO replaced the standard 28-volt VCO. This was a major reduction in
the power requirements. The HP-1000 computer was a major improvement in test
automation, data acquisition, and data reduction. PCB designs were produced via the CAD
system. This allowed designs to be verified through simulations prior to fabrication. These
three upgrades were considered milestones in productivity and reliability. However,
software developed on the HP-1000 was limited to specific electromagnetic tests. It was
clear that electromagnetic testing of future weapon systems would require more
sophisticated data acquisition and reduction software. With the advent of personal
computers (PCs), an effort was initiated to develop a PC based software program that
could easily be applied to all aspects of electromagnetic testing; creating a system where a
user could easily develop a software test program utilizing a database of hardware drivers.
Hence, AutoTest was developed. AutoTest provided capabilities beyond any commercially
available software package. AutoTest completely automated the data acquisition and
reduction process. It provided the computer operator a graphical user interface (GUI) to
evaluate system performance parameters near real-time. Other tools were added to
AutoTest’s capability such as multi-channel signal processing, networking, and image
processing. This software package was a milestone in the test process and is still in use
today.

Another milestone was the development of the air turbine. As mentioned previously, the
air turbine is an extraordinary way to power telemetry on demand for unlimited use with a
nonconductive connection. In addition, the air turbine is used to power weapon systems.
For example, in a missile system the air turbine replaces the missile’s thermal battery. It
provides the same characteristics of the thermal battery, except, unlike a thermal battery,
the air turbine can be used again and again.. These characteristics make the air turbine an
ideal power source for electromagnetic testing.

To upgrade from Frequency Modulation (FM) systems, several Pulse Code Modulation
(PCM) systems were purchased. It included PCM encoding hardware and decom systems.
The encoding hardware was integrated into the telemetry design to meet testing
requirements. With increased channel capacity and more reliability, PCM systems were a
significant improvement over FM systems. These systems have been replaced with
portable PC based decom systems. Current PCM systems provide a full data analysis



capability. In addition, development software allows the user to easily customize software
to the weapon system’s requirements.

APPLICATIONS

Current applications continue to address safety and performance data while the weapon
system is being exposed to an electromagnetic environment. Telemetry formats ranging
from MIL-STD-1553, RS-485, RS-422, and complex and multiple PCM streams are
experienced on a continual basis. The conversion of these telemetry formats to fiber optics
has been accomplished. However, adjusting for the increase in the data rates is an ongoing
process. Upgrading software is another ongoing process. With each new weapon system, a
new data acquisition program is developed. Recently the most emphasis has been put on
developing a portable instrumentation capability. Requests to make our instrumentation
services available to support ongoing remote tests have created the need for portable
instrumentation. The use of portable PCs, single channel FM ISA boards, PCMCIA cards,
and multi-purpose PCM boards are being explored to meet these requirements.

FUTURE APPLICATIONS

Today’s Army is moving to incorporate modeling and simulation techniques into everyday
developmental testing. This will be a significant challenge, especially in an electromagnetic
environment. Past and current electromagnetic testing portray weapon system performance
in a “static” and “discrete” environment. The lack and expense of dynamic movement,
realistic targets and the overall cost of the entire developmental test program drives certain
factors of the program. It is important that the system performs for the soldier as it was
designed. Therefore, to analyze its performance, it is necessary to subject the weapon
system to a realistic scenario. Here are a few areas that are being considered for future
electromagnetic effects testing to meet these requirements:

• Implementation of Real-time Simulations
• Scene Generation (IR and MMW) Capability
• Faster Data Rates Via Fiber Optics
• Latency Problems
• HWIL Techniques
• Electromagnetic Modeling and Simulation

CONCLUSION

Telemetry provides the ability to determine if the weapon system meets its design
specifications. Telemetry has and will continue to be an integral part of the process used to
conduct electromagnetic testing. The improvement of design and integration techniques,



telemetry hardware and software is a continuous process, especially with today’s rapid
technology growth. RTTC has accepted the challenge and is leading electromagnetic
testing to the future.



VEHICLE MONITORING SYSTEM FOR
PUBLIC TRAFFIC IN BEIJING

Yang Dongkai Bai xin Zhang Qishan
Beijing University of Aeronautics and Astronautics, P. R. China

ABSTRACT

With the rapid development of urban economy, there are bus increasing, route extending,
and shuttle frequency increasing etc. At the same time, road construction is subject to
land surface, so traffic jam often occurs. It is a big trouble for life of citizens and problem
for economy development. So it needs to be improved as fast as possible. Vehicle
monitoring system for public traffic in Beijing can expediently monitor the state of each
controlled bus, thereby making perfect management. With the integration of GPS, analog
trunked communication and digital map, the old, blinding manage system of public traffic
would be changed into advanced, visualized management mode, and several routes are
dispatched in one dispatch center at the same time. The system frame and its components
are introduced in this paper.

KEYWORDS

Intelligent Transport System (ITS), Advanced Public Transport System (APTS), Global
Positioning System (GPS), Trunked Communication

INTRODUCTION

Intelligent Transport System is an advanced transport system based on the traditional
transport system. With the high-tech such as GPS, communications, computer, control
and system engineering, ITS provide new ways for decreasing traffic jam, improving
transport conditions etc. In ITS, advanced public transport system (APTS) is one of the
six important sub-systems. In this paper, we provide a brief description of the vehicle
monitoring system for public transport in Beijing City. Each vehicle transmits its own
position and state information to the management and control center via an analog
trunked communication network. With digital map, the vehicles can be seen where it runs
or stops. These data is also stored in the network server so that all the vehicles can be
managed and dispatched in concentration. The key technologies used in the system are
Differential GPS, GPS/INS integration, Time Divided Multi-Address and FPGA
designing.



SYSTEM STRUCTURE AND ITS INFORMATION FLOW

Vehicle monitoring system for public transport is described with Fig.1.

Fig. 1 System structure of the vehicle monitoring system for public transport

From the logical view, system comprises of three components: management center, sub-
center and buses. The first component and the second one exchange information via wire
and wireless means, that is, computer-network and radio communication. The down link
information from center to sub-center mainly include differential GPS information, and
the up link data contain all bus information in the monitoring range, such as position,
velocity and status, etc. The second one and the third exchange information via radio
communication, that is analog trunked communication net. Up link data is the bus
information, down link is the differential GPS information and dispatch command. In a
word, the information flow in the system can be described with Fig.2.

Fig. 2 Information flow in the vehicle monitoring system for public transport

The sub-center is the most important component in the public transport, it directly
dispatch all buses in its range. However, the management center doesn’t dispatch the bus
directly except emergency. The dispatch task from management center is taken over by
the sub-center.
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COMPONENTS OF VEHICLE MONITORING SYSTEM

In the management center, there is a differential GPS station, which provides correcting
information for all buses in the system. In each sub-center, there are two radios for voice
and data transmitting individually. A monitor system and a controller are in the sub-
center too, as followed in Fig.3.

Fig.3 components in the sub-center

The function of monitor system is to store all the data from buses and provide dispatcher
with traffic status, which is based on the distance between two adjacent buses in the same
route. And digital map in the monitor system can provide visualized bus information for
the manager. At the same time, digital map can be used to matching the bus data in the
public transport route.

The controller is the core of sub-center, used for modulate and demodulate the data which
needs to be transmitted and receives from mobile buses via data radio. Controller
architecture is shown in Fig.4. DS80C320 is the CPU of controller. Radio modem is
GMSK mode and selective baud rate from 1200bps to 9600bps. FPGA circuit creates
system time sequence and decreases the size of controller.

Fig.4 controller architecture in the sub-center

Device in the bus has the following function: (1) Provide bus position, velocity, ID etc.
timely. (2) Provide status (including traffic jam and alarm etc.) interface for the driver. (3)
Receive differential GPS information. (4) Output sound tip of the dispatch command
from the sub-center. (5) Display the punctuality of the bus. Its structure is followed as
Fig.5. Modem and CPU are the same as the one in controller of sub-center. GPS receiver
is the main positioning device, and information of INU (Inertial Navigation Unit) is used
when GPS receiver doesn’t acquire enough satellites for positioning. After receiving
differential information, GPS receiver output precise position (error is no more than
10m). Integrated DGPS and INU, the position information can output continuously.
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Fig.5 device architecture in bus

Voice interface tips the driver that sub-center has dispatch command. Display interface
shows the punctuality of the bus according to the schedule to the driver as reference.
Status interface can provide buttons for driver to input the status of bus, such as alarm
and traffic jam etc.

It needs to be paid attention to the bus power supply and the environment especially
when the bus is started. Device in the bus uses the power supply of bus itself, so special
power module needs to be designed for converting 24VDC to 5VDC (for device) and
12VDC (for radio).

WORK MODE OF THE SYSTEM

Wireless data transfer in the system is realized via analog trunked communication net,
which is Motorola’s Smart-net II Plus. In sub-center, voice radio is used only for voice
service. However, data radio is used for data transfer. In each bus, one radio works in
transmitting or receiving data mode except when sub-center send a dispatch command to
it. While receiving a command, the bus radio is automatically switched to voice mode for
talking with the sub-center, after 30 seconds, it will be switched to data transmitting
mode automatically. The basic time slot is shown as Fig.6.

Fig.6 working time slot of the system
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System distributes time slot for every bus through TDMA (Time Division Multi Access)
mode. And at the same time, the sub-center and the buses also send data in accordance
with different sequence. If the sub-center need to dispatch one bus, it sends a command,
so the bus radio switches its mode to voice.

Sub-center sends differential information six times per minute, and its cycle is 10
seconds. For each bus, it sends its data one time per minute, which includes the status
information. Generally speaking, the bus doesn’t talk with the sub-center firstly except
when alarm occurs.

MONITOR SOFTWARE IN SUB-CENTER

In sub-center, monitor software provides manager with visualized, friendly man-machine
interface, which makes the dispatch task convenient and efficient. One function of
monitor software is to display timely all buses in digital map. The other is to quire
information via text or graph mode. If possible, the selective dispatch method will be
proposed through the software to help manager improve transport conditions.

CONCLUSION

Vehicle monitoring system for public transport is a new public transport system
developing from the traditional transport system. It is advanced public transport system
(APTS) in the ITS and will improve the public transport, make the blind, old dispatch
method to be a visualized, high-efficiency mode. Finally, it will smooth the pressure of
transport to city development.
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PACKETIZED TELEMETRY INCREASES FEEDBACK 
SYSTEM RESPONSE TIME IN A 

HIGH ENERGY PHYSICS APPLICATION

Daniel “Shane” Woolridge
Apogee Labs Inc.

ABSTRACT

A digital feedback system used to monitor and control a high energy electron beam’s orbit
and stability in a VUV and X-ray storage ring will realize a 10 fold increase in the
feedback system response time using packetized (IRIG 107-98) telemetry. The
improvement in feedback time will provide a significant improvement in the level of orbit
stability.

This paper discusses the advantages of using a packetizing standard and high speed data
acquisition as a cost effective way to support the scientific community in their real time
processing needs.

KEY WORDS

Synchrotron, Packetized Telemetry, Real Time Processing, Digital Feedback System, High
Speed Data Acquisition.

INTRODUCTION

The National Synchrotron Light Source (NSLS) building at Brookhaven National Labs
contains two storage rings that produce synchrotron light, the Vacuum Ultra-Violet (VUV)
ring and the X-ray ring. This paper will discuss the X-ray ring.

A synchrotron is a machine that guides a stream of charged particles such as electrons in
an orbit. An electron gun shoots groups of electrons into a large circular tube called a
storage ring, while powerful magnets help control the stability of the orbit. While in orbit,
the electrons give off energy in various forms of light, including visible light, X-rays,
ultraviolet, and infrared. This light is currently used for research in many fields of science
including chemistry, physics, metallurgy, and biology. 



A feedback system is put in place to provide the ability to monitor and correct the orbit of
the electrons by controlling the electro-magnets.

CURRENT ANALOG FEEDBACK SYSTEM

Beam Position Monitors (BPMs) are a very important part of the feedback system. Each
BPM consists of four button Pick-Up Electrodes (PUE) embedded into the vacuum
chamber around the circumference of the electron storage ring. An NSLS developed
receiver processes the PUE button signals sequentially by time sharing a single amplifier
and detector. The signals are switched to the amplifier by means of a single pole, four
position, gallium arsenide commutating switch. The information from the BPMs is
collected and transferred, in analog form, to multiple 12 bit analog to digital converters at
the main VME control panel. Here, the signals must be filtered, AM detected, de-
multiplexed and sampled by Track and Hold Amplifiers (THA) at a rate of 550 samples
per second. All BPMs must be sampled at the same time so that accurate calculations may
be made by the X-trim processor. Once this information is processed, simultaneous
corrections to the position of the trim magnets are made by updating their voltage settings.

The existing analog feedback system has a quantity of only 16 Beam Position Monitors
(BPMs) in the X-ray ring. Since studies have shown a significant reduction in orbit
fluctuations at the locations of the BPMs, is desirable to include as many BPMs as
possible. 

The X-ray ring, the larger of the two rings, is 170 meters in diameter. The current analog
system uses a large number of analog transmission lines, some of which are several
hundred feet in length, in a high radiation environment. The result of this is induced noise
that limits the accuracy of the signal to 10 usable bits. 

PROPOSED APPLICATION CONCEPT 

There are many reasons for considering a digital feedback system. Increasing the number
of BPMs would make the current analog system too complex. Additional BPMs can easily
be added to a digital system. By digitizing the BPM output at the source with a 16 bit
analog to digital converter, the signal will be less susceptible to induced noise, which will
result in an improved beam position resolution of up to 14 usable bits. By using a high
speed clock rate for the data transmission and acquisition, the bandwidth of the digital
system will exceed that of the analog system.

Since the existing analog system has the sample timing set at the VME control rack, one
obstacle to overcome is sending the sample timing to each A/D converter around the
storage ring in the proposed distributed acquisition system. If a continuous stream of PCM
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data is sent from the A/D converters, additional cables would be needed to send the
sample timing, which would result in an excessive quantity of transmission lines. Through
the use of packetized telemetry, the sample timing can be sent to the A/D converter which
can then respond with a burst of packetized data using the same transmission line. This
half duplex configuration would reduce the amount of cables needed in the digital
feedback system.

USE OF STANDARDS

Packetized telemetry, as defined by the IRIG standard 107-98, allows multiple application
processes to create units of data, called packets, that best suits each source. These packets
may contain fixed or variable lengths of data recorded at fixed or variable intervals. By
using this standard, the source data can be multiplexed and transmitted via high speed
bursts. Data quality can be monitored by the VME control panel by observing the packet
ID and packet sequence control provided in the source packet primary header. Figure A
shows the source packet format:

Figure A

PROPOSED DIGITAL SYSTEM DESIGN

The need for additional BPMs is addressed by including a total of 48 pick-up electrodes.
Each BPM has four signals from the PUE totaling 192 channels. Each signal will be
digitized at the source by a low cost 16 bit A/D converter. The four signals at each PUE
will then be easily multiplexed and packetized using a single inexpensive FPGA that only
needs a serial prom and a low cost crystal oscillator to support it. The packets will contain
a 6 byte header with 8 bytes of data, which includes four 16 bit words, one 16 bit word for
each signal from a PUE. The A/D converter, multiplexer, and packetizer will be mounted
at the location of the BPM in a small, shielded container to protect from noise caused by



radiation. The high speed bursts of data will be sent to the VME control panel from each
BPM by using a single line driver. The BPM analog signals will be A/D converted,
multiplexed and packetized in 2.8 micro-seconds and de-multiplexed in 2 micro-seconds.
The overall clock rate for transmission is 40 MHz. This enables all of the data to be
collected in 5.6 micro-seconds. 

At the VME control rack, a quantity of six VME de-multiplexer boards, with eight
channels each, will use a very simple 8 channel x 4 measurement per BPM register file for
VME read out. These boards will also be used to transmit the sample clock to the source.
The sample clock is generated by the Apogee VME-CTI board, which generates the
desired rate from IRIG-B time code, at a minimum rate of 4 kHz. After data collection,
235 micro-seconds is left for the X-trim micro to process the information and adjust the
trim magnets, which is more than enough time for the existing processor and magnet trim
control.

Figure B shows a block diagram of the proposed feedback system:

CONCLUSION

In summary, using packetized telemetry in a high speed data acquisition application has
many advantages. An inexpensive digital feedback system can increase the number of
BPMs while also increasing the response time and the bandwidth of the system. By
digitizing at the source and increasing the rate of transmission, the sample timing was able
to be increased to a minimum of 4 kHz. This is a 7.3 fold increase in response time, which
is now limited by the application software. Even with the current software, it may be
possible to increase the sample rate up to 6 kHz or even 8 kHz. The hardware has the
ability to support a maximum sample timing rate of 66,000 samples per second.
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ABSTRACT

This paper was prepared as part of the team design competition for a graduate level course
given at the University of Canterbury, in Christchurch, New Zealand. It presents a high
level design of an automated telemetering system for tracking and monitoring a number of
land-based animals as small as a rabbit. The primary purpose of the system is to monitor
both desirable and undesirable species of wildlife in the New Zealand bush in order to
better understand their living habits and environmental requirements.

The typical conditions monitored are body temperature, moisture levels, light intensity,
physical activity, and heart rate. All critical aspects of the telemetering system have been
specified, including the sensors, transmitter/receiver, and telemetry packet and frame
design. A calculation of the link budget for the system has been performed.

KEY WORDS

Telemetering System Design, New Applications, Wildlife Monitoring.

INTRODUCTION

The tracking of animals in their natural habitat has become commonplace. Systems used
for this purpose generally consist of a small transmitter attached to the subject and a
portable receiver equipped with a directional antenna. These systems are very labor
intensive requiring an operator to be on site throughout the entire monitoring period. They
have a limited range and are used solely for tracking. In the last few years the systems
have become more sophisticated. Global Positioning Systems (GPS) have been
incorporated enabling the subject to be tracked remotely. These systems, however, are
expensive and bulky. Payload transmitters and data acquisition systems have become



smaller and more powerful with the advent of better power supplies, surface mount
technology (SMT) and more efficient circuitry. This has opened the way to combine both
a transmitter system and data acquisition into a package small enough to track and monitor
small animals.
This system differs from others due to its operation as a wide-area network telemetering
system. There are many possible applications of such a system:

• Animal interaction within and between species and groups can be monitored and
recorded.

• The effectiveness of existing and new pest control methods can be determined.
• Animals that have been relocated or released back into their natural habitat can be

monitored.
 

 SYSTEM OVERVIEW
 

 A set of desirable characteristics for an efficient animal tracking system have been
highlighted below:
 Payloads on the subjects must:

• be low cost and low weight,
• have low energy consumption,
• be capable of determining locations quickly., and
• provide accurate data acquisition for the specific application.

In addition to subject biological parameters, environmental data will also be collected at
the Local Command and Control Center (LCCC). The basic structure of the system is
summarized in figure 1.
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Figure 1: Basic structure of the system



The system consists of remote, stationary transceivers referred to as base stations, a
collection of transmitters (payloads), which are attached to the test subjects and a LCCC.
The system design incorporates four base stations, which monitor the area of interest. This
system can be further expanded to incorporate more base stations if desired. Each base
station contains a transceiver, which can receive a signal from any one of the payloads
within the monitored area depending on the strength of the corresponding signal. The
payloads communicate with the base stations using a coded digital signal, which enables
both position detection as well as data transfer. The base stations then relay this
information to the LCCC utilizing an RF link. At the LCCC the payload information is
incorporated with environmental data. The data is then processed, stored and displayed.
Alternatively, the processed data could be relayed to another Remote Command and
Control Centre (RCCC) location (eg a city) via a microwave link.

SENSORS AND TRANSDUCERS

Two classes of sensors are utilized in the animal tracking and telemetering system;
payload sensors and base station sensors. The following sections give details of each
sensor class.

Payload Sensors:
The payload allows for the incorporation of a wide variety of sensors. The most common
parameters of interest are body temperature, physical activity, heart rate, moisture level,
and light intensity. All or any combination of these sensors can be incorporated. Facilities
for addition of a user-specified sensor are provided. Summaries of the payload sensor
specifications are given in table 1. Each sensor is sampled once every five minutes.

Sensor Measurement range Resolution Output # Bits/
sample

Body Temp -15 - 50°C. 1°C 0 - 5V 8
Light Intensity 0.12 – 23.5 µW cm-2 0.082 µW cm-2 0 - 5V 8
Moisture Level Level from 0 - 255. 1 0 - 5V 8
Physical Activity ≤216-1 movements 1 Pulsed 32
Heart rate 0 - 511. 1 Pulsed 8

Table 1: Summary of payload sensors and specifications

Local Command and Control Center (LCCC) Sensors:
The LCCC not only controls the data transfer to the RCCC (see system overview), it is
also acts as a remote weather station, equipped with sensors to monitor environmental
conditions. The parameters monitored include temperature, humidity, rainfall rate, wind-
speed and direction, atmospheric pressure and light levels.



Table 2 summarizes the sensor specifications relevant to the system. The following
commercially available sensors are recommended:

Rotronic MP101A temperature and humidity sensor.
Pronamic “Rain-O-Matic” rainfall sensor.
Schiltknecht f.566.24.28 “Meteoprobe,” wind speed and direction sensor.
Unidata 6522B barometric pressure sensor.
Vernier “light sensor” light intensity sensor.

All of the sensors require analogue to digital conversion except the rainfall rate sensor.
This sensor requires the counting of output pulses corresponding to rainfall rate. In order
to minimize the component count one 8-bit analogue to digital converter channel is
employed. An analogue multiplexer is used to select the different sensors. The relative
sampling rate is based on one sample per minute.

Sensor Measurement
range

Resolution Output Relative
rate

Bits/
sample

Temperature -50 - 150°C ± 1°C -5 - 15V 1 8
Relative Humidity 0 - 100% RH ± 1 RH 0 - 10V 1 8
Rain Fall Rate 0.5 - 150 mm/hr ± 0.2 mm/hr 5V pulses 0.1 12
Wind Speed 0.7 - 40 m/s ± 1 m/s 0.4 - 2V 1 8
Wind Direction 0 - 360° ± 2°C 0 - 2V 1 8
Atmospheric Pressure 56 - 106 kPa ± 0.1 kPa 0 - 2.55V 1 8
Light Intensity 0 - 12 000 lux 50 lux 0 to 2.5V 1 8

Table 2: Summary of the LCCC weather station sensor specifications, sampling
rates and number of bits required

POSITION LOCATION SYSTEM

The accurate determination of the target location is a critical aspect of the BIOTEL
system. The practical implementation of a location system utilizes automatic radio
direction finding (ARDF) and triangulation. The use of multiple stations is required to
minimize the error in location. This application utilizes four ARDF (Base) stations to
resolve a target location to within a 100m x 100m area over a 2km × 2km search area.
Options considered for a practical implementation of an ARDF system were:

• Rotating directional antenna.
• Phased array of antennae.
• Synthesized Doppler array.



The rotating directional antenna system rotates a directional antenna and returns an angle
when the signal strength is maximized. This system is prone to phenomena such as
multipath signals and is inherently unreliable due to its dependence on mechanical
components. A further disadvantage of this system is the large power consumption
involved in continuously rotating an antenna. These disadvantages are partially offset by
the extreme simplicity of the system.

The phased array system utilizes an array of antennas, compares the phase of a received
signal at each antenna, and can therefore calculate the angle of incoming wavefronts. This
systems resolution is determined principally by the size of the array. To achieve the
desired angular resolution over a 90° angle, an array of dimensions exceeding 54m is
required. This system also fails to determine whether the signal is received from in front or
behind the antenna unless further reflectors are installed behind the antenna array.

The synthesized Doppler system exploits the Doppler effect to determine the bearing of a
received signal. A rotating antenna will exhibit a sinusoidal change in received signal
frequency as it rotates (and frequency modulated (FM) signal). By analysis of this FM
signal with respect to the known direction of the antenna at all times, the bearing of the
incoming signal can be determined over 360°. The rotation of the antenna is synthesized
by combining the signals from an array of antennas using electronic switching.

The synthesized Doppler ARDF scheme was selected due to its accurate bearing
determination over a full 360°, its low cost and size and its use of solid state electronics.
The post processing that is required by this method is performed by a commercially
available data processor, the Doppler Systems Inc. Series 6000 RDF unit. Because the
synthesized Doppler system requires an unmodulated carrier to correctly detect the phase
change of the signal from different antennae, the payload must transmit a minimum of
150ms of unmodulated carrier before the data preamble. This allows the ARDF system to
ascertain an accurate bearing.

The ARDF stations record the bearing whenever a valid signal is detected. When a base
station receives a data message from a payload, it polls the ARDF station to determine the
bearing. This data is then packetized, and sent to the LCCC for triangulation and data
logging. The position determination system utilizes a combination of ARDF and
triangulation to resolve the location of a payload to within a 100m x 100m area. The use of
synthesized Doppler combined with computer triangulation from four ARDF stations
results in an effective solution minimizing cost and complexity whilst maximizing
reliability and resolution.



LINK BUDGET

Link budget calculations were required to determine the EIRP required from the
transmitters in each link so as to achieve the specified maximum bit error rates. In order to
arrive at conservative values, worst case conditions were assumed for all variables. Such
assumptions include calculation of the space losses over twice the maximum propagation
distance, using a maximum expected value for the effect of multipath fading, and
calculating the system temperatures based on the expected worst case antenna
temperatures. The resulting values for the required EIRP will meet the systems specified
BER requirements in the most extreme of expected channel conditions. The values from
the link budget calculations are summarized in table 3.

Parameter Payload to Base
Station

Base Station to
LCCC

Units

Frequency band 466.8 – 466.85 160.1 – 160.3 MHz
Required BER 10-4 10-6 n/a
Modulation scheme BPSK QPSK n/a
Required Eb/No 8.4 10.5 dB
Bit rate 5 100 kb/s
Bandwidth 10 100 kHz
Required C/N 5.4 10.5 dB
Worst case space loss 124.8 115.5 dB
Allowance for fading 30 30 dB
System temperature 28.4 32.1 dB°K
Receive antenna gain -0.84 6 dB
Boltzmanns constant -228.6 -228.6 dBW/Hz⋅°K
Required EIRP -29.2 -26.5 dBW
Required EIRP 1.21 2.24 mW

Table 3: Summary of link budget calculations

PAYLOAD CONFIGURATION

The payload on the animal forms an integral part of the telemetry system configuration.
The design requirements for the transmitters on the payloads have to accommodate the
particular environment it will be exposed too. Some design requirement specifications for
the transmitter assembly have been listed below:

• A highly efficient (conversion of DC power to RF power) transmitter
• A stable VHF/UHF frequency source
• Efficient radiating source
• Efficient power source of high power to weight and volume ratio
• Strong, weatherproof casing

 



 The payload consists of sensors, interfaces (consisting of analog circuits, multiplexer and
A/D converter), a microcontroller with internal memory, modulator, RF
modulator/amplifier, small antenna and battery. The microcontroller also controls the
switching on/off of the transmitter and sensor circuit to reduce the power consumption at
the payload. The microcontroller samples data at the predetermined rate and stores them in
the memory.

 

 Figure 2: Payload block diagram
 

 Several payload configurations were considered, including storage of all data and manual
collection at the end of a monitoring period. Transmission of packetized data to the LCCC
via dedicated channels for each payload was considered but due to bandwidth limitations a
‘network’ style system was chosen. A payload is allocated a channel which it must share
with many others and randomly transmits packets. Occasionally packets are lost due to
collisions but usually the packet will arrive successfully. The use of additional channels
allows for the expansion of the system. The payloads utilize a quarter wave trailing
antenna. This provides a compromise between omnidirectionality and minimal impact in
the subject. The use of a patch antenna was not appropriate due to the large size required
(minimum of 12cm diameter) and poor radiation pattern for this application.
 

 The transmitter requires a stable oscillator source in order that the receiver bandwidth can
be made as small as possible thereby allowing narrow noise bandwidth reception and
increased sensitivity. The optimum frequency is around 430MHz for practical tracking
considerations (antenna size and propagation effects etc.). However this frequency is used
for military applications in New Zealand and hence an alternative frequency of 466MHz
was chosen.

 

 BPSK modulation was chosen to provide reliable performance, a low probability of error,
and efficient utilization of channel bandwidth. A further advantage is the simplicity with
which a BPSK modulated signal can be produced. Coherent detection of the received
payload signal is utilized to improve the relatively high BER resultant from the low-power
payload transmitter. The transmitter power source is required to have high power to
weight and power to volume ratios due to severe restrictions on both these commodities.
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Lithium batteries represent a good working compromise in terms of output stability,
performance and power to weight ratio. They have the highest energy density of the
commercially available primary cells and operate over an extended temperature range (-40
to 120°C).

 

 The payload housing is a critical part of the system. The payload must allow the animal to
act as it would without it. The weight and size of the pack is severely constrained and the
attachment method is required to have minimal effects on the animal. The packaging is
summarized in table 4.
 

 Parameter  Details
 Size  25mm diameter × 15mm height

 Weight  12-15g
 Switch  normally closed reed type
 Case  epoxy resin potting

 Attachment  strap/harness or glue-on

 

 Table 4: Summary of payload housing specifications
 

 FRAME AND PACKET DESIGN

 The HDLC (High-level Data Link Control) Standard is followed to form the packet
format. Four packets are transmitted with the preamble and post-amble within 0.5 seconds
(Figure 3). The format of the frame and packet design is summarized in Figure 3. The
probability of undetected error by a 16 bits FCS is low, but the probability of failing to
detect the flag is relatively high. For this reason, the use of a convolutional error correcting
code for the whole packet is recommended.
 

 Total Packet Format:
 Preamble  F  A  C  I-1  FCS  F  Idle

 F  A  C  I-2  FCS  F  Idle
 F  A  C  I-3  FCS  F  Idle
 F  A  C  I-4  FCS  F  Post-amble

 
 Control Field (C):

 0  N(S)  0  0      0      0
 1 2 3 4 5 6 7 8
 

 Information Field (I-1, I-2, I-3, I-4):
 SC  HR1  HR2  HR3  HR4  HR5  HR6  HR7  HR8  HR9  HR10

 MV1  MV2  MV3  MV4  L1  L2  L3  L4  L5  T  HU
 

 Figure 3: Payload Data Packet (HDLC)
 



 The payload packet is designed for several payloads to share a single RF channel. The
probability of data collision is calculated to determine the data re-transmission rate M for
the given number of payloads and BER (figure 4).
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 Figure 4: Probability of the data collision for random transmission with M-data
samples re-transmission for the case (2D/T) = 1/300. N: the number of payloads

 

 CONCLUSION
 

 This paper has presented the conceptual design of an animal tracking and telemetering
system. The system consists of four remote, stationary transceivers referred to as base
stations, a collection of transmitters (the payloads), which are attached to the test subjects
and a Local Control and Command Center (LCCC). The four base stations receive signals
from any one of the payloads within the monitored area depending on the strength of the
corresponding signal. This system can be further expanded to incorporate more base
stations if desired and a link to a Remote Control and Command Center (RCCC). The
system has the following features:
 

• The ability to track up to 25 animals the size of a rabbit or larger in a 2km x 2km
area on moderate terrain, to within 100m x 100m.

• The ability to meter various attributes of the tracked animal including heart rate,
physical activity and body temperature, at user definable intervals.

• Flexibility in the range of subject species, as well as the parameters monitored.
• The payload has an operational life of up to three months depending on the

transmission duty cycle.



• User control either on location, or, pending further work, remotely via radio
link/ground link.

• Minimal environmental impact.

This system is ideally suited for determining the social and biological characteristics of
animals in their natural environment. It is a powerful tool for assessing the effectiveness of
pest control systems and for monitoring the well being of animals released back into the
wild. The conceptual design presented in this report forms a strong foundation for the
development and practical realization of an animal tracking and telemetering system. This
design has integrated various aspects of telemetry methodology into a useful application.
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ABSTRACT

This paper was prepared as part of the team design competition for a graduate level course
given at the University of Canterbury, in Christchurch, New Zealand. It presents a high
level design of a snow avalanche telemetry system. The goal of the system is to provide
data to better assess avalanche risk, and to assist in designing more effective protection
measures in avalanche prone areas.

The primary conditions monitored are air pressure, snow density, snow depth, snow
temperature, wind velocity, wind direction, and ambient air temperature. All critical
aspects of the telemetering system have been specified, including the sensors,
transmitter/receiver, and telemetry frame design. Aspects of the system packaging and the
link budget which are unique to the alpine environment are discussed.

KEY WORDS

Snow, avalanche, telemetering systems, new applications.

INTRODUCTION

Snow avalanches are destructive natural phenomena that unleash a huge amount of energy
within a short period of time. In New Zealand, avalanches pose a threat to some of the
most popular ski-fields and mountain passes.

The catastrophic nature of the avalanche event and the harsh alpine environment provides
a unique design challenge in collecting avalanche data in real time. Slope sensors beneath
the layer of ice, snow, and maybe debris must provide continuous temperature, pressure,
density and snow depth information reliably for a period of several months with no access
for hardware maintenance. Sensor housings must be able to withstand the full force of an



avalanche without dislodging. Radio data links from the slope sensors to the summit
station must be low power and reliable- the most critical data collecting period for these
‘one-shot’ transmitters occurs at the time least friendly to radio propagation as the
avalanche passes over the sensors.

All the above issues have to be taken into consideration during the initial design phase to
ensure the robustness of the system. System expandability and flexibility, ease for remote
maintenance and ‘auto-monitoring’ with minimal human supervision are also influential
factors for the design.

SYSTEM DESIGN

The design utilises 5 independent slope stations spread across the avalanche slope face,
each with vertically arranged sensors measuring air pressure, snow density, depth and
temperature. Data is transmitted via a low-power digital radio link from the slope stations
to a summit station, which collates and time stamps the data. The slope station also carry
out wind velocity, direction and ambient air temperature measurements. The main control
point is the base station, which communicates with the summit station via a full duplex
digital radio link. The base station receives and backs up data from the summit station. It
can control the basic operations of the summit station without a human operator. A user
interface is still available for the user to access and interpret the data, as well as controlling
summit station operations. The overall block diagram of the system is shown in Figure 1.

Link 3

Link 2

Link 1

Link 1

Link 1

Link 1

Link 1

SS #1

SS #2

SS #3

SS #4

SS #5

Summit Station Base Station

Key:
SS - slope station
Link 1 - slope to summit station link
Link 2 - summit to base station link
Link 3 - base to summit station link

Figure 1 - System Block Diagram



THE TRANSDUCERS

Sensor Range Quantization Sample Period
Slope Station
Pressure: Strain Gauge 0-3000µε 12 bits 100 ms
Temperature: Thermistor -20 - +80°C 8 bits 100 ms
Density: Load Cell 0-200N 10 bits 100 ms
Summit Station
Ambient Air
Temperature

Thermistor -20 – +80°C 8 bits 2 s

Wind Velocity: Anemometer 0.15 – 50m/s 10 bits 2 s
Wind Direction: Windvane 0 – 360° 8 bits 2 s

THE SLOPE STATIONS

Five slope stations will be established at regular intervals across the avalanche slope face.
Each station is comprised of 10 pressure and 10 temperature transducers arranged
vertically to obtain the pressure and temperature profile of the avalanche event. A load cell
transducer is positioned on the slope to measure the mean snow density - snow depth is
estimated from the pressure and temperature transducers. Battery voltages of individual
slope stations are also monitored.

The sensors are partially embedded into the vertex of a V-shaped reinforced concrete
buttress which is secured to the mountain slope, as in Figure 2. The free end of the strain
gauge protrudes from the concrete through a steel protection plate and a Neoprene sealing
washer. Snow and avalanche debris exerts a force on this free end – deforming the strain
gauge length and changing the resonance frequency of the vibrating wire. The sensors are
vertically spaced at 400 mm intervals – therefore giving a maximum 4m pressure profile
within the snow pack.

The data streams from the pressure, temperature, and snow density transducers of each
slope station are sampled at the rate of 10 samples per second. They are then packaged
into an IRIG frame for channel encoding before transmitting to the summit station using a
FDM transmission scheme. The frame structure is shown in Figure 3. It consists of one
minor frame per major frame and is divided into 27 fixed-length 8-bit words long. A 16-bit
synchronization code is applied to each frame. Temperature reading from the 8-bit ADC is
placed in a single octet. The lower 8 bits from each of the pressure sensors and snow
density sensor are placed in a unique octet and the remaining bits (4 bits from the pressure
sensor and 2 bits from the snow density sensor) are placed in a shared octet. BM is 6 bits
long and is used for battery monitoring purpose. The frame transmission rate is 10 frames
per second.



Figure 2 - Physical Arrangement Of Transducers

The cyclic redundancy check (CRC) is proposed because it has a very good error detection
performance and also provides an extremely simple and fast encoder and decoder
implementation. In order to achieve the probability of undetected error of 0.002%, which
is considered sufficient for this application, 16 bits of parity check are appended to each
data block before its transmission to the summit station. Data transmission rate is 2480
bps.

SYNC P1 P2 T1 T2 P1P2 P3 P4 T3 T4 …
… P3P4 P5 P6 T5 T6 P5P6 P7 P8 T7 T8 …
… P7P8 P9 P10 T9 T10 P9P10 D D BM CRC

T = Temperature reading D = Snow density reading
P = Pressure reading BM = Battery monitoring bits

Figure 3 - Encoded frame for slope to summit station transmission

THE SUMMIT STATION

The summit station will be established on a ridge above the slope stations. It monitors the
slope stations. Time information is derived from a GPS receiver. As soon as error checking
is completed, valid data will be time stamped, packetized, and transmitted to the base
station.

The summit station is equipped with ambient air temperature, wind speed and direction
transducers. The summit station also receives command codes from the base station.
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Figure 4 - Major Operation Components Of The Summit Station CPU

All the above mentioned operations are controlled by the CPU. A block diagram of the
major operations of the CPU is attached as Figure 4.

Data from the slope stations and data to the base station are buffered in software. Data
processing includes error checking, data stripping, time stamping, received data storage,
for received data and data packetizing, error coding and data storage for transmit data.

The data exchange between the base station and slope station can be roughly categorized
into slope station data, summit station data and control data. The slope station sensors are
sampled every 0.1 second. The summit station sensors are sampled every 2 seconds. The
control data is generated at irregular intervals. To design a data frame for the transmission
for the three types of data together, will be inefficient use of bandwidth. Shorter,
independent data packets are used instead. It is decided that based on the different
characteristics of the data, three different data packet formats are used for their
transmission.

Stop-and-wait ARQ coupled with CRC-16 is used for error control between the summit
and base communication.

The packet design is a simplified version of the CCSDS Packet Standard. The format is
listed in Figure 5. The different data types are shown in Figure 6.



SYNC word
(16 bits)

Header
(8 bits)

Packet Information
(16 bits)

Variable Length
Data

CRC
(16 bits)

Figure 5 - Transmit Data Packet Format

The SYNC word and CRC are similar to that used in slope to summit station transmission.
The Header contains the summit station ID. It is reserved in anticipation of system
expansion to accommodate a multiple summit station monitoring system. Packet
Information field contains packet ID (4-bit), data type (4-bit) and data length (8-bit). The
CRC algorithm starts encoding from the Packet Information word onwards. The total
overhead is 56 bits long.

SS1
(216 bits)

SS1
(216 bits)

SS1
(216 bits)

SS1
(216 bits)

SS1
(216 bits)

TS
(72 bits)

SSn : Data received from slop station n. TS : Time stamp
(a) Slope station data

T2
(8 bits)

WD
(8 bits)

WV1
(8 bits)

WV2
(8 bits)

TS
(72 bits)

T2: air ambient temperature sensor; WD: wind direction sensor; WV: wind velocity sensor (WV1
contains the lower 8 bits; WV2 contains the last 2 bits plus 6 unused bits).

(b) Summit station data

CMD/ACK/RQ
(8 bits)

CMD: Command (used by the base station to control the summit station); ACK: acknowledgment; RQ:
retransmission request.

(c) Control

Figure 6 - Data types

The maximum summit-to-base station data transmission rate is 12.08 kbps. So a system
clock speed of 10MHz for either station is ample to manage all the data required of them.

THE BASE STATION

The base station receives data from the summit station, stores the data on a computer hard-
drive, makes a backup copy for archiving, and provides a graphical user interface for the
user to access the data (e.g. pressure plots). The user interface could be running any
commercially available software package (e.g. HYDSYS/TS) for data display and
analysis. The base station also controls the operation of the summit station (e.g. if battery



potential is low non-critical operations can be suspended). Figure 7 shows the operations
of the base station CPU.
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Figure 7 Major Operation Components Of The Base Station CPU

The base station is designed with the capability to ‘auto-monitor’, i.e. no human operator
is necessary to monitor the data 24 hours a day. The data are received, error checked, and
stored in the two data loggers. The collected data is checked against thresholds values pre-
programmed into the CPU and commands will be issued to the summit station if the
thresholds are exceeded. For example, turning on the de-icing heater of the sensors if the
temperature falls below 0.5 oC.

The criteria used in the selection of a suitable microcontroller are on board RAM size, I/O
ports, processing speed, and ease of programming. It is estimated that a 16-bit micro with
1 kb program RAM and 64 kb data RAM, four 8-bit I/O ports, 16-bit timers and clock
rates of up to 20 MHz is suitable for the application.

The only data to be transmitted from the base station to the summit station is the control
data. The transmission rate is 6.4 kbps.

THE RECEIVERS

A Scientific Atlanta model 930C telemetry receiver is recommended for the summit and
base stations. This receiver has a maximum noise figure (NF) of 13 dB. It is matched with
a standard Yagi VHF antenna with an assumed gain of 15 dB, a loss factor of 0.5 and an
equivalent noise temperature of 200 K. The antenna to receiver transmission line is
assumed to provide a further 1dB loss. These figures are used to derive receiver figure of



merit, G/Tsys and from this, the transmit power required by the slope stations can be
determined ([3], p. 273).

SLOPE STATIONS TO SUMMIT STATION LINKS

Data is transmitted digitally via BPSK modulation and coherent detection. A frequency
division multiplexing (FDM) scheme is used to allow individual slope stations to transmit
their data simultaneously to the summit station at a maximum data rate of 2.48 kbps.

The carrier frequencies for the slope stations are selected in the 222 MHz to 225 MHz
range. The first carrier frequency was chosen at 222 MHz, with four successive carrier
frequencies spaced 15 kHz apart.

The slope station transmitters are powered by freeze resistant gel cell batteries.
Omnidirectional half-wave dipole antennas are used as they are more robust than
directional antennas.

The bit error rate (BER) for transmissions from the slope stations to the summit station is
specified at 10-4. Any samples incorrectly received will show up as an inconsistent data
point when graphed and can be discarded.

For the RF link distance of 3 km, empirical equations for rain fade ([3], p. 283) and for
multi-path fading ([2], p. 470) show no significant losses. The effect of up to 4 meters of
snow, ice and possibly rock above the antenna is estimated to provide up to 30 dB of loss.
A further margin of 20 dB is allowed for any other possible detrimental effects.

A link budget was used to determine the minimum transmitter power as described in Horan
([3], p. 275). The transmission power required to sustain a transmission BER of 10-4 and to
account for the 50 dB margin given above was calculated to be 12.19 mW.

SUMMIT TO BASE STATION AND BASE TO SUMMIT STATION LINKS

Two channels are used in a line-of-sight RF link between the base station and the summit
station; one for command signals (up-link) and the other for data (down-link). Most of the
frames incorrectly received by the summit to base links will be detected by the CRC and
can be discarded.

For the summit to base station data link, a carrier frequency of 1485 MHz is used to allow
a highly directional signal. The summit station will have a transmit power capacity of 5 W.
The modulation scheme will be coherent BPSK at a data rate of 12.08 kbps. Given the



summit station and receiver specifications above and an allowable BER of 10-6 a margin of
17.4 dB is available.

The base to summit station link allows commands to be sent to the summit station. The
link operates on a carrier frequency of 1435 MHz at a data rate of 6.4 kbps and an
allowable BER of 10-6. Given 5 W transmission power the available margin in the link
budget for the base to summit data link is 18.3 dB.

SUMMARY

The snow avalanche telemetry system described in this paper is designed to provide
unique data on slope conditions before, during, and after an avalanche. The system aims to
provide an accurate measurement of the energy profile of an avalanche, allowing more
effective protection measures and providing insights into assessing avalanche risk factors.

We have presented only a high-level concept design. Before the system is fully
operational, more effort has to be put into the detailed design of the system. Issues like the
transmission medium, transmission carrier turn-on time, and if a commercial network is
used, throughput through the network and transmission setup time have to be considered.
The channel characteristics (BER and SNR performance) are also important. These issues
have great impact on the transmission rate should additional error detection and correction
be needed to maintain the system performance.

For the communication between summit station and base station, the maximum latency
sustainable for the control, slope station and summit station data streams should be
considered while deciding on the transmit priorities for the three data types. At the
moment, the design is mostly based on off the shelf, commercially available hardware.
There is potential to develop custom hardware to make the system cheaper, faster and
easier to implement. While much low-level design work still remains, we believe that the
system offers a feasible, practical way to implement an avalanche data gathering system.

FUTURE DEVELOPMENTS

At the moment, the system is designed as a stand-alone slope data collection unit. After
sufficient data has been collected and analyzed, it is hoped that characteristics of pre-
avalanche conditions can be determined. This can then be programmed into the CPU and
extend the system into an operator-free snow avalanche warning system.



The base station can be extended to monitor data from multiple summit stations hence
expanding the system capacity. For the summit station, remote software upgrade features
can be designed into the software so that any minor software bug fix can be done cost
effectively.
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ABSTRACT

An agile RF routing system has been developed which utilizes phasing techniques to
direct signal power to any one of four orthogonally mounted antennae, or either set of
two antennae mounted 180° apart on a launch vehicle. The system has been integrated
into a telemetry transmitter and has shown superior performance to traditional methods of
antennae switching. The unit is self-correcting to maintain maximum RF power at the
desired antenna port(s) across a dynamic mission environment. Due to its low loss and
high reliability, this method of antennae switching provides a robust RF link.

KEY WORDS

Antennae switching, RF routing, Phase shifting, TDRSS.

INTRODUCTION

At the heart of any telemetry system is the RF link used to carry the data from the launch
vehicle to the monitoring receiver. As vehicle position varies during the mission, it is
important to maintain antennae alignment between the transmitter and receiver in order to
avoid signal dropout. Thus switching between multiple antennae becomes necessary.

Typically, a launch vehicle is equipped with two antennae located 180° apart. Antennae
switching is achieved by routing the RF signal to the appropriate path via a mechanical or
semiconductor switch. Problems inherent in this implementation include physical size
constraints, relatively large DC power consumption, limited power handling capability,
signal degradation due to insertion loss, and questionable reliability in shock and
vibration environments.

As an alternative to the existing methods of RF routing, Cincinnati Electronics has
developed a method of electrically switching between four antennae, and incorporated the
design into a Tracking and Data Relay Satellite System (TDRSS) compatible transmitter.



Unit testing has yielded superior system performance over the dynamic environments of a
launch vehicle mission.

THEORY OF OPERATION

The agile RF routing system utilizes the fundamental concept of constructive and
destructive interference between interacting signals of various relative phases1. The
concept is illustrated in figure 1, which depicts how signals of the appropriate relative
phase can be combined through a 90° hybrid coupler to yield the sum of the input signal
powers at one output port and no signal power at the opposite output port, or equal signal
power at the two output ports.

A

B

C

D

90°° HYBRID
COUPLER

INPUT A
1W∠∠0°
1W∠∠0°
1W∠∠0°
1W∠∠0°

INPUT B
1W∠∠0°

1W∠∠90°
1W∠∠-90°
1W∠∠180°

OUTPUT C
1W∠∠-45°
2W∠∠0°

0W
1W∠∠45°

OUTPUT D
1W∠∠-45°

0W
2W∠∠-90°
1W∠∠225°

Figure 1- Combination of input signals of various relative phases to direct signal to
desired output.

A phase shift circuit has been developed in order to create the appropriate relative phases
of the input signals2. The circuit is shown in figure 2. The signal to be phase shifted is
input to the standard input port of a hybrid coupler. A varactor diode and length of
shorted transmission line are connected in shunt to the standard main and coupled ports.
The phase shifted output signal is taken from the standard isolated port. In a ‘off’ state,
the varactor diodes have a low voltage applied to them and appear as a short to ground.
The signal therefore is reflected from these ports and appears at the isolated port with a
finite phase shift. In a ‘on’ state, the applied voltage to the varactor diodes is increased,
thereby changing their reactance. At some point, a reactance value is reached such that a
parallel resonance is created with the distributed reactance of the shorted length of
transmission line. The main and coupled ports then appear as a high impedance, and the
signal is reflected to the isolated port. The signal is again output with approximately the
same magnitude as the input signal, but there is a difference of 180° in phase when
reflecting from an open versus reflecting from a short. The circuit creates a linear phase
shift, such that at some applied voltage between the 0° state and the 180° state, a 90°
phase shift is obtained. Due to the fact that the circuit generates a leading phase in a ‘on’
state, a ‘off’ state is set as either -90° or -180° relative phase, and a ‘on’ state is set as 0°
relative phase.



These phase shift and combination techniques have been integrated into a RF routing
system which directs signal power to any one of four orthogonally mounted antennae, or
either set of two antennae mounted 180° apart on the launch vehicle. A block diagram of
the system is shown in figure 3. The input signal modulated with data is input to the
phase shift board. The signal is split into two paths by a 90° hybrid coupler. The path
from the main port (-90°) is delayed an additional 90° by a fixed length of transmission

line. A phase shift circuit configured for a 0° or 90° phase shift is in each of the paths.
These two paths are each split into two additional paths by 90° hybrid couplers. Each of
the paths from the main ports have a phase shift circuit configured to yield a 0° or 180°
phase shift. The paths from the coupled ports (0°) have an additional fixed length of
transmission line to compensate for the finite phase shift in the main paths in a 0° state.
The phase shift board outputs four signals which have been conditioned to have
appropriate relative phases. The signals are then amplified and sent to the output board.
The output board consists of four 90° hybrid couplers that recombine the four signals and
direct power to the desired antenna port(s). Switching from one antenna port to another is
accomplished by creating the appropriate relative phases of the signals on the phase shift
board, such that when the signals are recombined on the output board, power is summed

Figure 2- Phase shift circuit.
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Figure 3- Block diagram of the agile RF routing system.

AMPLIFIER OUTPUTPHASE SHIFT

 OR 900° °

φ
PS2

φ
PS1

0°

-90° -90°

0°

-90°

0° OR 180°

φ
PS3

0°

0°

-90°

0° 0°

-90°

0°

-90°

0°

-90°

0°

-90°

ANTENNA
B

φ
PS4

0° OR 180°

 OR 900° °

INPUT

ANTENNA
D

ANTENNA
A

ANTENNA
C



at the desired port(s) and nulled at the undesired ports. Figure 4 displays a table of the
phase shift states necessary to direct power to the desired antenna port(s).

PHASE SHIFT STATE ANTENNA OUTPUT POWER
PS1 PS2 PS3 PS4 A B C D
OFF OFF OFF OFF 0 HALF 0 HALF
ON OFF OFF OFF 0 FULL 0 0
OFF ON OFF OFF 0 0 0 FULL
OFF OFF ON ON HALF 0 HALF 0
ON OFF ON ON FULL 0 0 0
OFF ON ON ON 0 0 FULL 0

Figure 4- State table for selecting antenna output port(s).

SYSTEM PERFORMANCE

Cincinnati Electronics has integrated the agile RF routing system into a TDRSS
compatible transmitter (CE model number T-711). The transmitter features binary phase
shift keying modulation at symbol rates up to 5 mega-symbols per second, and operates
in the frequency range of 2200-2300 MHz. The unit delivers a minimum of 30 watts of
RF power to any one of four antennae, or 15 watts of RF power split between either set of
two antennae. Antennae selection is remotely commandable. Power and temperature
telemetry is also provided.

The system’s feature that makes it more advantageous than previous methods of RF
routing is its agility. Because the phase shifters are implemented in a linear fashion rather
than binary, phase errors that degrade RF output power can be dynamically corrected. In
space and launch vehicle applications, the temperature range that a transmitter will be
exposed to is wide. As the temperature varies, so does the amount of phase shift
introduced by the components in the unit. These phase errors result in signal power being
misdirected to antennae other than the desired, or alternately, as a loss of power at the
desired antenna. The agile RF routing method has the capability to continuously adjust
for phase errors, thereby maintaining maximum delivered RF power to the desired
antenna. RF routing systems that use simple switches display greater nominal insertion
loss, and the insertion loss varies greatly across temperature. The agile RF routing system
provides a lower loss alternative with minimal variation across temperature. Furthermore,
the ability to switch between four antennae provides a robust RF link with little to no
signal dropout.

The T-711 transmitter controls the RF routing through the use of a Field Programmable
Gate Array (FPGA). A thermistor is mounted in the transmitter and is monitored by the
FPGA to provide a temperature reference. The varactor diodes in the phase shift circuits
are biased by the outputs of digital-to-analog converters (DAC). The transmitter is
aligned through a computer interface. The unit is tested across the necessary temperature
range, and with a click of the mouse the output voltages of the DACs can be adjusted to



correct for phase errors. The DAC coefficient values are then stored in an EEPROM.
During the mission flight, the FPGA monitors the temperature, retrieves the correct
coefficient values from the look-up table in the EEPROM, and outputs these values to the
DACs. Thus throughout the entire mission in a dynamic temperature environment,
maximum RF power is delivered to complete the link.

The agile RF routing system offers many additional advantages over previous antennae
switching methods. It is highly desirable to minimize the insertion loss of the routing
circuitry, for any power lost after the final amplifiers cannot be regained. The 90° hybrid
couplers used throughout the agile RF routing system have a maximum insertion loss of
0.2 dB. The phase shift circuits have a total insertion loss of approximately 0.7 dB. The
phase shifting is done prior to final amplification, thus the associated losses become near
negligible to the system. The result is a low loss method of antennae switching. Because
the system is implemented mainly with transmission lines, its power handling capability
is superior to semiconductor switches, and it is much more reliable than mechanical
switches in shock and vibration environments. The only DC power the system requires is
used to reverse bias the varactor diodes, which draw a near negligible leakage current.
Therefore the system consumes far less DC power than other methods of antennae
switching. The system can be implemented in a relatively small circuit board area as well.
The switching time it takes to direct power from one antenna to another is limited by the
slew rate of the DACs that control the phase shift circuits. A plot of the measured antenna
switching time is shown in figure 5. The agile RF routing systems provides an extremely
smooth, quick, and low loss method of switching between multiple antennae.

CONCLUSION

The agile RF routing system provides a method of antennae switching that is superior in
performance to traditional switching methods. The system continually self adjusts to
maintain maximum RF power at the desired antenna port(s), providing a strong and
reliable RF link across dynamic mission environments. A TDRSS compatible telemetry
transmitter has been developed utilizing this technology, and the method can be applied
to any multiple antenna transmitter as well.
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Figure 5- Oscilloscope plot of antenna switching time measured using crystal
detectors to rectify the RF signals.  Note that a negative deflection indicates
increasing RF power detected.
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ABSTRACT

The performance of novel experimental blind equalizers suitable for a large class of
applications including telemetry systems and other wireless applications is described.
Experimental hardware research of these adaptive patent pending Feher Equalizers* (FE)
confirms computer simulated data [1]. A two-ray RF selective faded telemetry channel has
been simulated. A dynamically changing channel environment with a selective fade rate in
the 1Hz to 50Hz range has been constructed by laboratory hardware. The Test and
Evaluation (T&E) setup had RF frequency selective dynamic notch depth variations in the
Power Spectral Density (PSD) within the band of the signal of up to 15dB. As an
illustrative example of the adaptive equalizer capability we used a 1Mb/s rate Feher
patented FQPSK [1] Commercially Of The Shelf (COTS) product. Both hardware
experimental results as well as simulation indicate substantial performance improvement
with the utilization of the FE. It is demonstrated that the FE improves for a large class of
frequency selective faded systems the Bit Error Rate(BER) from 10-2 to 10-6. Similar
performance improvements are presented for the Block Error Rate (BLER).

KEY WORDS

Adaptive equalization, telemetry, Test and Evaluation (T&E), Feher patented Quadrature
Phase Shift Keying (FQPSK), Feher Equalizer (FE).
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INTRODUCTION

This paper describes experimental research and obtained results related to novel low-
complexity IF adaptive equalization techniques [1]. IF equalization techniques offer some
advantages over baseband techniques in terms of simpler implementation complexity,
faster synchronization time as well as performance in low C/N environments. An original
technique for adaptation is introduced here. It does not require any training sequence or
redundancy in the transmitted information, a frequent requirement in adaptive equalization.
This technique of non-redundant error detection is successfully used in combination with
some additional logic circuitry for control and further processing and a simple equalizer to
combat ISI. Two specific equalization techniques are proposed and described. The first
technique is able to compensate more effectively for dynamically changing channel fade
depths while the second is able to compensate for more significant changes of the fade
position within the received signal bandwidth. The frequency selective fading channel that
is implemented in lab conditions is similar to a popular channel model published in the
related literature, namely the 2-path Rummler model [2] and [6]. As performance criteria
for the proposed equalization techniques both BLER and BER have been used. The
experimental results clearly indicate significant performance improvement (about at least 5
dB) with the proposed equalization techniques.

In the second part brief description of the IF equalization concepts is presented as well as
the constructed hardware channel model and its implementation. The third part introduces
briefly the PE concept and the used specific implementation of the PE detector. Parts IV
and V describe the obtained measurement results. In part VI the computer simulation
model and simulated results are presented. In part VII conclusions are drawn about the
overall performance of the proposed FE techniques.

RF FADE SIMULATOR CONSTRUCTION BASED ON THE RUMMLER
PROPAGATION MODEL

The multipath fading channel model used in this experimental work can be described
basically in terms of a primary ray and a dominant interference ray i.e. a simple two-ray
model, originally described by Rummler [6]. This leads to a simplified two-ray model with
a transfer function:

H(jw) = 1 + b*e - j w τ                      (1)

The frequency response of such a channel is shown in Fig. 1. In (1) we have only 2
parameters, the relative delay τ of the second path and its relative amplitude “b”. The
delay used by Rummler to characterize the channel is 6.3ns. For aeronautical telemetry
channels we understand that the delay could be in the 5 ns to 2 microseconds range. For



this reason the used delays in our experimental work are in the 500ns to 1.5 microseconds
range.

As shown in Fig. 2 this channel model can be easily implemented in hardware by using
easily available laboratory components such as delay lines, attenuators , mixers , power
splitters/combiners. Here by changing the variable gain in one of the paths we can
simplistically generate a dynamically changing time-variable RF channel.

                                       Receive filter

                             Slope equalizer                                              Fading notch

                                                                                           Received signal spectrum

                                                                                                                      without fading  and  filtering

                                           fc-fs                          fc                      fc+fs                                     f

   (a) Spectrum and frequency response

   (b)   Spectrum before IF equalization            (c) Spectrum after IF equalization

Fig. 3 Concept of a very simple IF equalizer
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Fig. 2 A simple experimental hardware
implementation of a two-ray RF channel
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In general the adaptive IF equalizer corrects RF path distortions by generating
complimentary distortions of amplitude and associated group delay which will cancel the
channel distortion. As illustrated in Fig. 3 the frequency response of a simplest IF equalizer
is symmetrical to that of the fading channel. Also its slope is opposite to the slope of the
RF channel transfer function. The spectrum of the faded signal prior to the IF slope
equalizer is asymmetrical and has a deeper notch , while the spectrum of the equalized
signal after IF slope equalizer is symmetrical and has two shallower notches. Thus an IF
equalization stage could be used at the receiver side for compensation of the distortion
introduced by the channel.

Two different equalization techniques have been considered in this work:

1. The time variable gain in the RF channel block diagram leads to a dynamically
changing channel fade depth. A simple IF equalization stage is being driven by a PE
derived control parameter and compensates accordingly for the dynamic variations of
the channel fade depth.
2. A dynamically changing fade position within the signal bandwidth is being
compensated by multiple IF stages each associated with a different delay of the second
path. Thus this equalization technique (Feher Rake-“FR” [1] ) adaptively introduces a
compensation notch at a different location within the signal bandwidth any given time.

PSEUDO-ERROR MONITOR TECHNIQUES

A pseudo-error detector can be used successfully for the measurement of the BER of an
on-line digital communication link [1]. It is basically implemented in the form of a second
detector, which is intentionally more perturbation sensitive i.e. for a specified S/N ratio or
ISI or other impairment it introduces more errors than the primary signal path detector.
Thus a pseudo-error derived control signal which is a measure of the amount of ISI present
in the received signal is further processed and used in an adaptive control loop.

PSEUDO-ERROR BASED FEHER EQUALIZER (FE)

A time-variable RF fading channel is simulated by laboratory hardware set-up. Throughout
the experiment the dynamic change in the channel and the effect of equalization can be
observed both on the spectrum analyzer in terms of the received signal spectrum and on
the oscilloscope in terms of the eye diagram opening or closing. Figure 4 shows a
frequency domain picture of the normal spectrum and the distorted one. We clearly see the
introduced channel notch within the spectrum. Figure 5 shows again the normal spectrum
vs. the equalized one. The introduced by the equalizer compensation notch significantly
opens the eye pattern. The corresponding eyes for figures 4 and 5 are shown in figures 6
and 7 respectively.



EXPERIMENTAL PRELIMINARY HARDWARE RESEARCH T&E RESULTS

The impact of the rate of change of the channel dynamics as well as the depth of the
channel notch has been investigated and the performance of the described equalization
techniques illustrated by the measurement results. Figure 8 displays obtained results with
and without the equalizer for two different cases of the maximum range of the dynamically
changing fade depth, namely for 10dB and 15 dB range of change. In both cases the rate of
change of the fade is 2Hz. Figure 9 display similar results for fade rate of change of 50 Hz.

Fig.4 Undistorted spectrum vs. distorted (RF
delay spread) received spectrum of a 1Mb/s

rate FQPSK hardware system without
adaptive FE equalizer

Fig. 5 Undistorted vs. equalized spectrum of
a 1Mb/s FQPSK system, which has suffered

spectrum distortions shown in Fig. 4

Fig.6 Unequalized eye diagram of
an FQPSK receiver of a

simplistically distorted RF spectrum
(corresponding to Fig. 4) due to RF

selective fading

Fig. 7 The significantly distorted eye
diagram of Fig.6 is improved by the
adaptive FE (Feher Equalizer) ; the
corresponding equalized spectrum is

shown in Fig. 5



Both plots clearly indicate that the equalizer is able to eliminate the existing error floor and
produce significant improvement.

From figures 8 and 9 we notice that despite some deterioration of equalizer performance in
case of faster channel dynamics (Fig. 9) it is still able improve the performance
considerably.

PERFORMANCE OF AN EXPERIMENTAL ADAPTIVE FEHER RAKE (FR)
ADAPTIVE RECEIVER [1]

The preliminary hardware research performance results of a Feher Rake (“FR”) patent
pending [1] adaptive systems are illustrated in Fig. 10 and 11 (BLER and BER
respectively) and clearly indicate about 5dB improvement on the average with the “FR”
equalizer.

COMPUTER SIMULATIONS OF THE HARDWARE EXPERIMENTS

Computer simulations in MATLAB of the above mentioned hardware research
experiments were carried out. An NRZ data stream was modulated using computer
simulated FQPSK modulator [1]. Analytically defined channel was simulated using
equation (1) . Figures 12a,b present the computer simulated eye diagrams before and after
equalization. An FQPSK demodulator was simulated and the obtained baseband eye
sampled. One of the reasons for the slightly better computer simulated results shown
below is the fact that the gain of the derived adaptive control signal depends not only on
the amount of ISI but also on the current S/N ratios. While in the simulations this is easier
to account for, in a hardware implementation this would suggest much more complicated
design. A Monte Carlo simulation was carried out and the obtained results are compared to
the hardware measurement under the same conditions. Generally the simulated curves
follow the measured results as is seen from figure 13.

CONCLUSIONS

The initial performance of a new class of low-complexity adaptive blind equalization
techniques has been described. Both the experimental hardware research and the computer
simulations demonstrate substantial performance improvement with the proposed
techniques. The carried out experimental work provides us with a qualitative as well as
quantitative assessment of these techniques thus adding new alternative approaches and
concepts to the body of knowledge on channel fading countermeasures and adaptive
equalization.



Fig. 8 Block Error Rate (BLER, 1 block=1000 bits) of FQPSK with two-
ray dynamic RF channel, fade speed is 2Hz
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Fig. 9 Block Error Rate (BLER, 1 block=1000 bits) of FQPSK
with two-ray dynamic RF channel, fade speed is 50Hz
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Fig. 10 BLER of FQPSK with and without Feher Rake (FR)
equalizer for different delays (tau) of the RF channel fade

Fig. 11 BER of FQPSK with and without Feher Rake (FR)
equalizer for different delays (tau) of the RF channel fade



Fig. 12a  Computer generated (in Matlab)
demodulated eye diagram of the I-channel of a
severely distorted (RF selective faded) FQPSK
signal without FE (Feher Equalizer) illustrates
unacceptably high ISI level corresponding to

significant error floor

Fig. 12b The distorted eye diagram of
Fig. 12a is “opened” significantly with
the used adaptive FE(Feher Equalizer)

Fig. 13 BLER of FQPSK with two-ray RF fading channel,
comparison of hardware measurement results and computer

simulations
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BLIND EQUALIZATION FOR FQPSK AND FQAM SYSTEMS
IN MULTIPATH FREQUENCY SELECTIVE FADING CHANNELS
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ABSTRACT

Blind adaptive equalization with application for Non-Linearly Amplified (NLA) quadrature
amplitude modulation (QAM) systems in multipath selective fading channels is presented.
With an offset sampling strategy in the receiver, the proposed blind equalization using
Constant Modulus Algorithm (CMA) exhibits a fast convergent speed for a family of
quadrature modulated systems in NLA and multipath fading channels. Feher’s patented
Quadrature Phase Shift Keying (FQPSK) and Feher’s Quadrature Amplitude Modulation
(FQAM) which correspond respectively to 4-state and 16-state QAM are used due to their
higher Radio Frequency (RF) power and spectral efficiency in NLA channel. It has been
shown that blind adaptive equalization can significantly open the eye signals in multipath
frequency selective fading channels.

KEY WORDS

Blind equalization, modulation, non-linear amplification, Feher’s QPSK/QAM
(FQPSK/FQAM).

INTRODUCTION

In RF power and spectral efficient digital communication systems, the transmitted signals
are highly required to have both narrow-band spectrum and constant envelope. To meet
these requirements, it is desirable to use spectrally efficient modulation techniques.
FQPSK [1-2] and 16-state Superposed QAM (16-SQAM [1], [3], also called FQAM) have
been demonstrated to achieve higher power and spectral efficiency, and also show good
error probabilities in NLA and Additive White Gaussian Noise (AWGN) channels. These
signals contain “offset” property in quadrature (Q) channel relative to in-phase (I) channel,
                                                       
∗  Significant part of the material in this publication is based on Feher et al. Patents [1] and on other material which
remains property of the authors.



which prevents the envelopes of the modulated signals from crossing zeros and allows to
achieve higher power efficiency [2].

The spectral efficient modulations, however, are more vulnerable to frequency selective
fading when they are transmitted through multipath propagation channels which introduce
Intersymbol Interference (ISI) and degrade system performance. To improve system
performance it is important for receivers to compensate for the distorted signals by using
equalizer. Conventionally, the coefficients of adaptive equalizers are updated in startup
period with the aid of a training sequence, which is known at both the transmitter and the
receiver. However training sequence based equalization is not an attractive feature and
may not be practical in many applications. So blind equalization can play a very important
role in these applications.

Blind equalization relies solely on the equalized output signal and a priori statistical
knowledge of the transmitted data constellation. Godard’s algorithm (GA) [4], which
belongs to CMA [5], for complex two-dimensional data communication systems is the
most widely referenced technique in both industry and academia due to its simple and easy
to be implemented in digital signal processing (DSP) chip. However, blind equalization
algorithm converges very slowly compared to the training sequence based equalization
which employs the least-mean-square (LMS) algorithm. In order to speed up the
convergence process, a variety of improved techniques based on Godard’s algorithm have
been appeared in the literature, but most of them are applied to traditional QAM, or non-
offset QAM.

In this paper, we consider a class of offset QAM modulations as our target to study the
application of blind channel equalization. Specifically, we present an efficient method to
create error signal by alternatively sampling the equalized output signal at a bit rate of Tb

between I and Q channels. Then we use the well-known constant modules algorithm
(CMA) [4] to achieve a fast convergence speed for offset QAM modems. The goal of this
paper is to investigate how the blind equalization using CMA method can be applied to the
NLA RF power efficient FQPSK and FQAM systems.

FQPSK AND FQAM SYSTEMS

A. FQPSK Signals
FQPSK systems have been described in numerous references [1-2], [6], [8]. In the family
of these systems, FQPSK-B, a constant envelope modulation with baseband waveform-
shaped and cross-correlated between I and Q channels, has been successfully
demonstrated to have both power and spectral efficiency and good bit error rate (BER)
performance for several applications.



B. FQAM Signals
One of FQAM’s is a 16-state offset QAM modulation and could be constructed by
parallel-type with two independent FQAM (previously designed as SQAM) modulators
[1], [3]. A block diagram of FQAM modulator is shown in Fig. 1. Input NRZ data D(t)
enter a serial-to-parallel converter (S/P) to be split into four parallel NRZ sequences I t1( ),

Q t1( ),  I t2 ( ),  and Q t2 ( ) , which go to two FQAM modulators labeled by #1 and #2,
respectively. These two FQAM modulators are identical to each other. The modulated
signals Y t1( )  and Y t2 ( )  pass through hardlimiters, which approximate the characteristics of
a fully saturated amplifier and also remove envelope fluctuation of the modulated signal
such that the outputs of Z t1( )  and Z t2 ( )  do not suffer further degradation from non-linear
amplifications. The output voltage level of HPA1 is twice that of HPA2, that is, the
saturated output power of HPA1 is 6 dB higher than that of HPA2. Finally, a modulated
FQAM signal is represented as

                   s t a p t kT f t b p t k T f tk s c k s c
k

( ) { ( )cos( ) ( ( / ) ) sin( )}= − + − −∑ 2 1 2 2π π                      (1)

where ak ,  bk  =±1, ±3, independent and equiprobable. Ts  is symbol duration and T Ts b= 4 .

p(t) is pulse signal of FQAM defined as [3].

Fig. 2 shows power spectrum density (PSD) of FQAM signal passing through a
hardlimited non-linear channel. Conventional 16-QAM signals cannot operate in a non-
linear channel without significant spectral distortion while FQAM signals may operate in it
without significant spectral distortion. Symbol Error Rate (SER) of FQAM through
hardlimited and AWGN channels is given in Fig. 3, where its performance degradation is
about 0.8 dB at P(e)=10-4 compared to ideal 16-QAM signal in a linear channel.

BLIND EQUALIZATION FOR OFFSET MODEMS

A mathematical structure of adaptive equalizer for offset QAM and PSK is depicted in Fig.
4. The sampled complex input signal v(nTs/2) is fed to a feedforward (FF) finite impulse
response (FIR) filter with N taps spaced Ts/2 delay line in a part of fractionally-spaced
equalizer. The delay signals are weighted by {Wi, i=0,1,...,N-1} and summed. Then the
summed signal is subtracted by the other summed signal from the feedback (FB) FIR filter
part to produce the equalized signal $I k . The equalized signal is split into the real and
imaginary parts corresponding to the signals in I and Q channels. The quantization
provides the basic decision detection. In the case of M=4, such as OQPSK, FQPSK and
GMSK, a simple binary decision device is modeled. In the case of M=16, such as 16-
QAM and FQAM, a 4-level quantizer is used. A equalizer is called as linear equalizer
(LE) if  there  is  no  feedback  FIR part, otherwise called as decision feedback equalizer
(DFE).



                                      I1(t)                                          Hardlimiter             HPA 1
                                                                                y1(t)              z1(t)
                                            Q1(t)     FQAM modulator
          Input Data                                        # 1
                           S/P                                                                                                                    S(t)
           D(t)                     I2(t)                                                                           HPA 2                 FQAM
                                                                                       y2(t)                z2(t)
                                           Q2(t)     FQAM modulator
                                                                  # 2

                                                                                   (HPA 2 is 6 dB lower than HPA 1)

                               Fig. 1. Block diagram of parallel-type FQAM modulator [1], [3].

Fig. 2. PSD of FQAM in hardlimited NLA. Fig. 3. SER of FQAM in hardlimited
Channel NLA channel Ideal 16-QAM in linear

channel..

A. Blind Equalization for FQPSK
In the adaptive equalization, the coefficients of the equalizer are carried out by minimizing
mean square error (MSE) which is difference between the equalizer output and the
desired data symbol. Unfortunately, in the case of blind equalization, the desired symbol is
unknown. CMA blind approach is to minimize a cost function whose minimum is
equivalent to minimizing MSE and depends on the output of the equalizer and a priori
knowledge of statistics of the transmitted data constellation. A general cost function
proposed by Godard [4] is

                                        D E I Rp
k

p

p= −( $ )2                                                           (2)



Fig. 4. A mathematical structure of decision feedback complex equalizer for offset QAM
                        where $ { }I jk k k= +α β  is the output signal of the equalizer.

where p is a positive and real integer, Rp is a positive real constant. Minimization of Dp

with respect to the equalizer coefficients can result in a coefficient update equation. Of
particular importance is the case p=2, which leads to the relatively simple algorithm called
as Godard’s algorithm (GA) and fast convergence speed compared with p=1

                                         C C V I R Ik k k k k+ = + −1 2

2
µ * $ ( $ )                                                     (3)

with (4)

where I a jbk k k= +  is kth symbol in the transmitter, µ is the step size parameter and the
superscript * denotes complex conjugate. In the trained equalization, the cost function is

                                         CF E I Ik k= −( $ )
2

                                                            (5)
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Minimization of CF with respect to the equalizer coefficients leads to LMS algorithm

                                     C C V I Ik k k k k+ = + −1 µ *( $ )                                                        (6)
where µ is the step-size parameter for LMS, Ik is the desired symbol sequence which may
be either the trained sequence in startup period or the decision-directed (DD) sequence in
tracking period. In startup period, Ik  is known by the receiver and is replaced by decision-
directed value of sgn( $ )Ik in tracking period because the eye is open. Compared (3) with (6),
the update equation can be written in the following general form

                                         C C e Vk k k k+ = +1 µ *                                                               (7)

where the expression of the error signal ek  for the CMA and the LMS follows immediately
from (3) and (6), respectively.

For the envelope normalized symbol constellations, or maximum value in I or Q channel is
normalized to 1, R2  is equal to 1 for FQPSK due to its constant envelopes. In the modified
CMA, the error signal ek  is created by alternatively sampling the equalized signal $Ik

between I and Q channels and is expressed as

                                   e I R Ik k k= −$ ( $ )2

2
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− =
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Unlike QPSK, where the error signal ek  always takes a complex value, the error signal ek

for offset QPSK may be either real or imaginary, depending on a certain time t. In the case
of trained equalization, where LMS algorithm is used, the error signal ek  is

                                 e I Ik k k= −( $ )
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− =
− = +
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In general, the error signal in the blind equalization goes to zero very slowly than one in
the trained equalization so that blind algorithm converges slowly than LMS algorithm.

B. Blind Equalization for FQAM
FQAM could be modeled as an offset 16-QAM with Feher’s patented processors [1].
Being considered constellation at sampling points, FQAM data constellation is depicted in
Fig. 5. In CMA, the constant R is a function of the statistics of the symbols in the data



constellation.   CMA minimizes the dispersion of the equalizer’s output samples $Ik  around
a circle of R.

                          Q

                           3

                   R

                          1        $Ik

                                1               3      I

Fig. 5. Interpretation of constant R as Fig. 6. Learning curves for NLA RF
radius in FQAM. power efficient FQPSK. LE: FF=21 taps,

Eb/No=20 dB.

It should be noted that, even in the absence of noise, the error signal ek  generally does not
go to zero. This is because all tracks of points on constellation can not be represented by a
constant circle of R. For the constellation of FQAM shown in Fig. 5, R2  equals to 8.2 by
using equation (4).  Compared to trained equalizer, which employs the LMS algorithm to
update equalizer’s coefficients, blind equalization algorithm converges very slowly. Like a
blind equalizer for offset FQPSK, a blind equalizer for FQAM should be switched to the
decision-directed (DD) equalization mode once the eye signals are open in order to speed
up the convergence process and reduce the error signal ek  in tracking period.

                                       COMPUTER SIMULATIONS

A. Multipath fading model
There is one frequently referenced multipath fading model in line-of-sight microwave and
aeronautical communications: three-path model [7]. Three-path fading model describes the
multipath propagation in terms of a primary ray and a dominant interference ray, where a
primary ray consists of two rays with a 180 phase degree between them and is
characterized as a flat attenuation. Rummler used the simplest form of mathematical
modeling function whose impulse response is

                                h k a k abe kj( ) ( ) ( )= − −δ δ τθ                                                    (10)



where the parameters a and b control a flat loss term and the relative depth of the fading,
respectively. Phase shift θ=ωnτ and is chosen to set a null position from the signal carrier.
ω n , called as the notch frequency, is the angular frequency of fade minimum measured
from the band center. τ is the delay difference between primary and dominant rays and
usually fixed at 6.3 ns, which has been accepted by many researchers but may be chosen
as any convenient value.

B. Blind Equalization for FQPSK
In our simulation, FQPSK modulated IF signals are assumed to be transmitted over
multipath channels corrupted by AWGN. An IF model is chosen for a convenience to deal
with an asymmetrical notch location from the signal center frequency. In the receiver, the
received signal faded by multipath propagation is first coherently demodulated by a phase-
locked carrier signal, then passes through Butterworth low-pass filter. The input signal to
the equalizer is sampled at bit rate of Ts/2, and fed to a fractionally-spaced blind equalizer.
Blind equalizer is initialized to be all zeros except for the unity center coefficient. In  the
simulation, a LE is used in start-up period and DFE is switched in tracking period.

First we compare CMA with LMS algorithm for NLA FQPSK. Fig. 6 shows the simulation
results of MSE.  As we can see that the convergence rate of CMA is not much slower than
that of trained LMS.   The  received  eye  diagrams   are  given  in  Fig. 7.   In  Fig. 6  and
Fig. 7,  the  parameters of both a and b  are set to 0.8, corresponding to a notch depth of
16 dB. τ is set to 9 samples away from the primary ray (one sample per bit), and phase
shift θ is chosen to set a null at the edge of bandwidth, which corresponds to the worst
case due to an asymmetrical distortion (see Fig. 11). BER of NLA FQPSK is simulated in
DD mode after eye signals are open and shown in Fig. 8, where DFE outperforms LE due
to avoiding noise enhancement problems.

C. Blind Equalization for FQAM
Fig. 9 shows the simulation result of learning curve for NLA FQAM system in a dynamic
fading channel where changing speed of the notch position is set to f s / 128  by using CMA
and LMS algorithm, where fs is symbol rate. Like blind equalization for FQPSK system,
the operation mode should be switched to DD mode from CMA mode once eye signals are
open, which corresponds to that MSE is less than -15 dB. Also after DD mode is chosen, a
feedback part of equalizer is added to adaptive equalizer in order to cancel “postcursor
ISI” caused by past data symbols. It can be seen from Fig. 9 that the coefficients of DFE
are adaptively updated in DD mode to track channel changing after CMA mode is
switched to DD mode at iterations (symbols) of 2048. Constellations of the received
FQAM signals through NLA and dynamic fading channels at the equalizer’s input and
output are given in Fig. 10, where change rate of notch position is set to fs/128.



(a)                                                                    (b)

Fig. 7. Received eye diagrams of RF faded FQPSK signals. Notch is set at edge of
bandwidth and its depth is 16 dB, τ= 9 samples. LE: FF=21 taps. Eb/No=20 dB.  (a).
Before equalizer.  (b) After blind equalizer.

Fig. 8. BER performance of NLA FQPSK. Fig. 9. Learning curve of adaptive
Notch depth is 16 dB, LE: FF=10, equalizer for NLA-FQAM in dynamic
DFE: FF=5, FB=5. fading channel.

To evaluate the performance degradation vs. the notch position, SER curves of FQAM
using LE only at E Nb o/ = 15 dB are obtained by setting notch depth=12 dB (a=0.8, b=0.6),
and varying ω n . It can be seen from Fig. 11 that the notch position has much more effects
on the SER around the edge-band ( f Tn s =0.6). Note that 3 dB bandwidth of the receiver is
normalized to B Ti s =0.53, where Bi  is a 3 dB bandwidth and Ts  is symbol duration.



                                           CONCLUSIONS

An efficient blind equalization of NLA power efficient systems for FQPSK and FQAM is
presented in multipath frequency selective fading environment. By employing offset
sampling strategy at the equalizer’s output, a modified CMA with fast convergence speed
has been developed for NLA offset QAM.  Computer simulation using the CMA
demonstrated the great improvement in opening eye signals for FQPSK and FQAM
systems. In  a  dynamic  multipath  fading  channel,  an  adaptive

Fig. 10. Constellations of FQAM in the receiver through a dynamic fading channel. Notch
depth is 16 dB, FF=15 taps, FB=15 taps. Eb/No=25 dB. (a). Before equalizer. (b) After
equalizer.

DFE is extremely powerful to adaptively
compensate for the distorted signals and
improve SER performance of NLA FQAM
for high speed and multimedia transmission
and telemetry radio transmission.
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VISUALISING DATA FRAME FORMATS CONTAINING SUPER
COMMUTATION AND VARIABLE WORD LENGTHS

Frank Kitchen
British Aerospace, Warton, England

ABSTRACT

Compiling a PCM data frame with super commutation poses problems of maintaining
constant sample intervals for the parameters whilst keeping within channel bandwidth
limitations. Add an extra requirement of using variable word lengths to optimise the use
of available bit rate and the problem becomes more challenging.

The available telemetry or tape recorder channel bandwidth rather than the capabilities of
the data acquisition system normally govern the amount of data that can be acquired by
the aircraft instrumentation system. The amount of data demanded usually expands to fill
all available bandwidth and the bit rates are operated at the maximum for the particular
channel. The use of variable word lengths can, in some circumstances, increase the
utilisation of a channel bandwidth.

In order to visualise if a particular requirement can be accommodated within a given data
structure a method of sketching PCM data frames containing a wide mixture of sample
rates using an intermediate matrix has been devised.
The method is described in three stages.
1. Compiling a simple PCM frame.
2. Sketching the intermediate matrix to assist in visualising super commutation limits.
3. Mixing variable word lengths and super commutation in the same PCM format.
The method is not guaranteed to be the most efficient but does give a relatively simple,
non mathematical, way to visualise if the required sample rates can be accommodated in
a given data structure. If the requirement will not fit into the data structure then the
method allows the impact of the necessary changes to the structure to be rapidly assessed.

The paper includes comments on the relevant characteristics needed in the aircraft data
acquisition system. These include variable word lengths, frame lengths, incremental bit
rates and coherency of multiple data bus word parameters



KEYWORDS

Data frame formats, Intermediate matrix, Visualising super-commutation, Variable word
lengths

INTRODUCTION

A method of visualising PCM data frames using an intermediate matrix has been devised.
The purpose of the matrix is to provide a quick and easy confidence check to confirm if
the required super-commutation parameters can be accommodated in a given data frame.
The procedure is described in three stages.
1  Compiling a simple PCM frame.
2  Using an intermediate matrix to assist in visualising super commutation limits.
3  Mixing variable word lengths and super commutation in the same PCM format.
Using variable word length i.e. 10 bit plus parity for traditional parameters and 16 bit for
data bus words, has the potential to increase the utilisation by over 37 percent compared
with using two 10 bit words with parity for each data bus word. This is the attraction of
variable word lengths in a data frame.
The method of using the intermediate matrix is not guaranteed to be the most efficient but
does give a relatively simple way to visualise if the required sample rates can be
accommodated in a given data structure. The intermediate matrix is no more complex to
populate with parameters than a ‘simple’ PCM frame that only uses sub-commutation and
is a direct read across into an IRIG format. Restrictions that prevent the most efficient
utilisation of the data structure and make the compiling process more trial and error are
discussed at each stage. Although there are limitations, the current level of investment in
equipment and software to generate and process the IRIG Standard 106 data formats will
ensure that this type of PCM data frames will be in operation for many more years.
The intermediate matrix is intended to be an aid to visualising and compiling data frames
and is not a mathematical approach. Mathematical approaches to the efficient compiling
of data cycle maps can be found in references 2 and 3.

COMPILING A SIMPLE PCM DATA FRAME

Reference should be made to IRIG Standard 106 –96 for details of class I and class II
data frame structures. (reference 1)
For the purposes of this exercise a PCM format with a structure that consists of a major
frame comprising several minor frames will be used as the example data format
throughout this paper. The example major data frame format consists of a 256 word by 32
minor frames transmitted at a rate of 1 major frame per second with each word composed
of 10 data bits plus parity. For this example consider the requirement to be a mixture of
parameters with sample rates ranging from once per minor frame to once per major
frame, i.e. sub commutation is the requirement. 



 Figure 1 simple PCM format.

Figure 1 represents a class I  IRIG PCM frame format consisting of 8K (8192) data
words.
With the word length of 10 bit plus parity giving a bit rate of 90,112 bits per second for 1
major frame per second. In a simple frame like this the sub-frame ID could be placed
directly after the synchronisation pattern, the exact placement may have restrictions
imposed by the available ground replay system.
Parameters to be acquired are sorted into a list of descending sample rate requirements.
The available sample rates are restricted to 32, 16, 8, 4, 2 and 1 per second i.e. power of 2
increments. A simple check of summing all the required samples, including the house
keeping words to ensure that the total is less than the available words in the data frame is
usually performed.
The house keeping words i.e. sync and sub-frame ID’s are slotted into the required
positions first. This is followed by parameters that must be in fixed positions in the data
structure. These could be timing parameters or those that need a delay from the sync
word clock. The remaining parameters are then allocated places in the data format. One
frame filling strategy is to proceed left to right, column by column working down the
parameter list. This works quite well until a need is identified for groups of parameters to
be acquired sequentially in adjacent word positions or at least in the same minor frame.
This is normally required by groups of parameters that are simultaneously sampled at the
minor frame clock time or sampled as close in time as possible to minimise phase errors
when analysed using Fourier transform techniques.
The frame fill strategy can be adjusted to proceed on a row by row basis along the minor
frames and occupying the relevant sub commutation positions in the minor frame column
as the fill progresses. This has the effect of placing parameters of similar sample rates in-
groups of adjacent word positions until split by the house keeping words. Should it

32

Sync1 Sync 2 Sync 3

256 words  32 minor frames per major frame



become necessary to force parameters into adjacent word positions then the fill of the
data format can be inefficient, without a simple method of testing if the data can be
acquired in a predefined structure. The needs of the data analysis system and
characteristics of the data acquisition system override the efficient utilisation of the data
frame structure. This is a recurring theme that has more impact as the demands on the end
to end instrumentation acquisition and analysis systems increase.

VISUALISING A SUPER COMMUTATION FRAME FORMAT
The technique for visualising super commutation will be demonstrated by examples. The
aim of using the intermediate matrix is to give a simple method of indicating if a super-
commutation requirement can be accommodated in a give frame structure and create a
data structure that can be populated with parameters in a similar manner to the simple
PCM format.
The first example is to answer the questions of “ Can our example 8k data frame
accommodate 7 parameters at 1024 sample per second with the remaining 1K being used
for house keeping and other parameters at low rates”? If not, what changes should be
made to accommodate them?

The first step is to sketch the data format as the intermediate matrix. (Figure 2) The
columns are drawn with a height of the highest sample rate required and the row length
such that height multiplied by the length equals the target data frame size of 8K. For this
example it is 1024 by 8. The synchronisation words are then inserted as the first three
words and repeated 32 times in the columns evenly spaced in a sub commutation fashion
to define 32 minor frames. The sub frame ID could be inserted later as a parameter.

The intermediate matrix shows that there are only 5 columns completely free for
parameters at 1024 samples per second. The simple answer to the question is that only 5
parameters can be accommodated at 1024 samples per second. The first three columns
containing the synchronisation words could also accommodate 3 parameters at 512
samples per second, with space for other parameters at a lower rate.
The lower rate parameters are allocated positions in the matrix in a similar manner to that
used for the simple PCM frame placing them in ‘ sub- commutation’ positions in the
longer columns. The intermediate matrix is translated back to the normal data frame
format by reading the matrix left to right, row by row, starting a new sub frame at the
start of the sync word pattern.
The second part of the question was “What changes would be required to accommodate 7
parameters at 1024 samples per second?” In order to increase the capacity from 5 to 7
parameters at 1024 samples per second then an inspection of the matrix indicates that an
additional two columns need to be added.



This will have the effect of increasing the frame size by 64 words per minor frame i.e. to
a 320 by 32 data frame. The design features of the data acquisition system may not allow
the required size of data frame to be generated. The bit clock may stay constant to
maintain bandwidth or trimmed upwards to maintain sample rates if the data acquisition
system has sufficient flexibility. Systems that are limited to modulo two increments of bit
rates may have a problem in achieving an optimum compromise.
Special consideration needs to be given to parameters acquired by ‘simultaneous
sampling at super commutation rates. Systems that sample only at the minor frame have
the obvious limitation that super-commutation is not possible. For those that sample the
full system at pre-defined word positions / time intervals from the system clocks a check
needs to made to ensure that all required parameters are within the time boundaries. As
with the simple PCM frame it is the need to place parameters in adjacent word positions
in the PCM frame that precludes an easy method of establishing if the data can be
accommodated in a given format. The use of super commutation reduces the number of
adjacent word position available because of their interlaced positions in the format. The
more stringent the requirements for adjacent data word positions the greater the problems
and uncertainties of accommodating them in a given structure.
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The second example demonstrates how simple the intermediate matrix makes answering
the question of “How many parameters can be accommodated in the example 8K data
frame at 512 samples per second”? Without even drawing the matrix it is possible to
visualise the answer.
Dividing 8K by 512 gives 16. Subtract 3 from the 16 columns to allow for the three
adjacent sync words leaves 13 columns free for the parameters at 512 samples per
second. The answer is that 13 parameters can be acquired at 512 samples per second.

VARIABLE WORD LENGTH
The attraction of considering variable word length is the potential of increasing the
utilisation of available bandwidth by transmitting more parameters with a given bit rate.
Consider our example data frame and assume that half of the parameters will be from a
1553 data bus. The 1553 data bus has 16 bit words and these are normally split into 2
PCM words (22 bits with parity) and can include flag bits added to indicate stale or
missed data and the active bus to fill the remaining bits in the words.
With the example data frame of 256 word by 32 sub-frames of traditional data words at
10 bits plus parity the data frame contains 90112 bits. Allocating half of the frame to
1553 parameters gives 45056 bits for data bus words.
This is space for 2048 data bus words using 22 bits (two PCM words) per data bus word.
By using 16 bits per word then 2816 data bus words can be acquired with no change in
bit rate, see figure 3.
This represents a potential increase of 37.5% data bus words within the same number of
bits. Such an increase may be difficult to achieve in practice.
As with the traditional analogue parameters there are restrictions that appear when
considering the data timing and analysis techniques to be employed.

Note that the comments for the data bus parameters also apply as general statements for
any source of data that is inserted into a data format from a ‘current value table’ that is
updated asynchronously.

88 @ 16 bits128 @ 11bits

32
4096 words at 11bits 2816 words at 16

bits

 Figure 3  The ‘simple’ PCM format with variable word length



Parameters are allocated positions in the data structure in a similar manner to simple
PCM format with due regard taken as to word length. The data frame could be treated as
two frame formats for the purpose of allocating parameters.
As with the acquisition of traditional analogue parameters the data bus parameters have
requirements that impose restrictions on the compiling of the data format. Because of the
asynchronous acquisition of the data bus words into a current value table there is a
possibility that values are missed or stale data is transmitted again. This may not present a
problem for any individual data word but if the required parameter is composed of
several data bus words then it is desirable that each word is acquired from the same data
bus message. The same will apply if the complete data bus message transmits different
parameters and toggles regularly between data lists. In these circumstances the technique
of over sampling and placing the parameters in adjacent frame format word positions
may not produce satisfactory results. A coherent bus monitor is required to guarantee
parameter integrity and to allow more flexibility in compiling the data frame format.

When super-commutation is required the intermediate matrix is sketched as before with
the column size being the highest sample rate required. (Figure 4) In order to keep the
process simple the same word length is applied to all words in any one column. The
number of columns converted to the 16 bit word length depends upon the required ratio
of 11 to 16 bit word lengths in the final frame format. If the bit rate and frame rates are to
be held constant then substituting 16 bit words for 11 bit words must be at an 11 to 16
ratio. This is very difficult to achieve in practice when there are parameters that require
sampling at super-com rates.

Individual parameters may be embedded into the matrix but only at the minimum sample
rate of the minor frame rate, this effectively modifies the same word position in each
minor frame to the required length. This maintains the requirement for all minor frames
to be composed of the same number of bits but will cause a small reduction of sample
rate or require an incremental increase in bit rate.

The intermediate matrix can be used as an aid to rapidly assess changes to the data
structure to optimise it to meet requirements. The first attempt at creating the
intermediate matrix and making half the words 16 bits gives a 128 by 32 data frame
consisting of 110,592 bits, see figure 4. This could be too high a bit rate for the recording
or transmission channel. If the bit rate is lowered then the resulting sample rates could be
too low. Examining the intermediate matrix reveals that the available options are changes
to the columns. By removing one of the 16 bit columns gives a 224 by 32 data frame
consisting of 94,208 bits. This is close to the original bit rate of the example data format
of 90,112 and could well satisfy the bit and sample rate requirements.



In practice it would probably be more effective to create several pre-defined frame
formats with different ratios of word lengths and sample rates to meet the typical mission
requirements and trimming parameter requirements to fit. It may be an advantage to have
a data acquisition and de-commutation system that supports in flight programme changes.

SUMMARY OF EQUIPMENT CHARACTERISTICS

Various comments have been passed on features that are desirable in the PCM data
acquisition system, they are listed here for reference.

1 A ground de-commutation system that has the capability to support variable word
length and in flight programme changes to IRIG Standard 106.

2 A capability to have incremental bit rates instead of times 2 steps.
3 Variable word length capability.
4 Simultaneous sampling of analogue channels
5 Coherent data bus acquisition units for complete messages and parts of messages
6 In flight programme change capability
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CONCLUSION
Despite the increase in demands on the end to end PCM systems the IRIG-106 Standard
data format will be in use for many more years. With the availability of equipment that
have more flexible design features alternative methods of populating the data format can
be considered but restrictions will still limit the efficient utilisation of the data format.
The intermediate matrix is a useful tool in the visualisation of PCM of data frame formats
containing super-commutation. It allows the rapid evaluation of changes to the data
format to establish the best optimisation of conflicting requirements.
In the long term it can be expected that new formats will emerge making more efficient
use of computer communications techniques.
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DESIGN CONSIDERATIONS FOR DEVELOPMENT
OF AN AIRBORNE FQPSK TRANSMITTER

Gregg Horcher
L-3 Aydin Telemetry
Newtown, PA 18940

ABSTRACT

This paper describes the design considerations used by Aydin Telemetry in the
development of its high data rate Feher Patented Quadrature Phase Shift Keying
(FQPSK) [1] frequency agile transmitter. We will address several key areas of interest to
the Telemetry community, such as the use of commercially available VLSI parts to
minimize parts count while maximizing reliability, adaptive filtering to accommodate a
wide range of data rates, and user selectable features to achieve a universal transmitter
design. User selectable features include differential encoder, 15 stage IRIG randomizer,
and 1/2 rate convolutional FEC coding. This paper also addresses the spectral efficiency
that can be achieved using a Class-C amplifier with FQPSK and the measured bit error
rate (BER) performance versus Eb/No.

KEY WORDS

Modulation, Feher's Patented Quadrature Phase Shift Keying, bit error rate, non linear
amplifier

INTRODUCTION

With the decrease of available spectrum as well as the requirements for increased data
rates, a more spectral efficient modulation technique must be employed. Aydin
Telemetry, along with many other government and commercial organizations have
employed FQPSK [1] in their developments due to the ability to operate under the use of
non linear amplification (NLA) to maintain good DC efficiency without compromising
BER performance. Today industry development funds must be managed to yield the most
agile product possible so one product can meet most user needs without the need for
modification. Customer needs range from High DC efficiency, Bit rate agility, and RF
power output from 2 to 10 watts.



DESIGN CONSIDERATIONS

When developing a new product, one needs to consider the many variations, which may
be required by potential customers. During this phase of the development, areas we
considered are DC efficiency, Frequency and bit rate agility, as well as, RF output power.
The first area we considered is DC efficiency.

Secondly, we considered the products agility. Due to the use of direct modulation and a
frequency agile LO, it's possible to meet any required frequency in S Band (2200 -
2400MHz) or L Band (1435 - 1534MHz) with minimal component changes. The use of a
selectable low pass filter allows us to meet any desired bit rate from 2 to 20Mb/s without
component changes. To improve on this concept, the incoming bit clock will be internally
counted for proper setup of the agile filter and transfer this information to the filter via
the FPGA. The introduction of the agile filter had no adverse affect on the spectrum or
BER performance.

Lastly, the size and outline of the transmitter must be minimized to fit existing
configurations. Aydin's T400 outline was chosen for this design due to the industry
standard footprint associated with it. To meet this size and shape, a minimized parts count
must be employed. The use of packaged modem components has proved useful. Utilizing
a single chip clock multiplier to generate the reconstruction clock, dual DAC's for wave
reconstruction, FPGA for the associated digital circuitry, as well as an ASIC dual bit rate
agile filter. This footprint could not be realized without the use of these commercially
available modem components.

KEY AREAS

Automatic Bit rate detection

The incoming data clock is fed into a FPGA implemented counter (see fig 1). After the
completion of the 100ms-gate time, the result will be used to create the address where the
filter configuration table is stored. These configurations are sent to the filter via 3 line
serial bus. Within 100ms after the configuration has been sent the filter the configuration
will be complete. Due to the low resolution of the Bit rate counter small variations due to
clock jitter will have no affect on the filter configuration.

FPGA implementation

The block diagram shown in figure 2 shows the FQPSK implementation for the
modulator and FEC. Incoming data is clocked through the serial/parallel converter to
create I/Q data paths, activation of the FEC would occur prior to the S/P. The cross
correlator adds a controlled amount of correlation between the I and Q channels. This



means that the output level of the I channel [or Q channel] is dependent on the present
and previous input symbol level of the I channel as well as the Q channel. Therefore the
output level of the I channel is dependent upon four symbol states. ( two for I and two for
Q). the result, is the ability to create a constant envelope (zero envelope fluctuation). A
constant envelope must be maintained to ensure minimal spectral re-growth under Class
C amplification (NLA). The DAC used is simple dual I/Q, single supply type typically
used modem applications. The DAC was found to be of low cost and size, yet maintain
sufficient accuracy and low power consumption.

OPTIONS

Several user selectable options are included in our design. The operating frequency will
be user selectable via TTL interface. Forward Error Correction will be user selectable for
½, ¾ and 7/8 convolutional encoder to aid in burst errors. Enabling of the IRIG 15-stage
randomizer will allow lower data rates to be used. A differential encoder has been added
to resolve the phase ambiguity. The differential encoder will force proper phase
alignment when demodulating.

FUNCTIONAL BLOCK DIAGRAM

                               Figure 1.    Automatic filter configuration circuit.
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Figure 2  Block diagram of FQPSK transmitter
            having a baseband processor and RF modulator

LABORATORY TEST DATA

The transmitter was tested for carrier suppression, spectrial purity, and BER performance
under the configuration of figure 3. In this lab, the carrier suppresion was set to a minimum
of -35 dbc and verified over the operating temperature span of –20 to 70 deg C.

Figure 3  Spectrum and BER performance test set
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The transmitter spectrum of class C amplified FQPSK was verified and compared to that of
Ref [3] and other ITC papers. The BER results of Figure 3 are 5 mb/s and Figure 6 ½
convolutional FEC 2.5 mb/s. All FQPSK receiver testing was conducted using Aydin’s
model 301 demodulator and bit syncronizer in staggered QPSK mode.

Figure 4 Measured BER performance of a direct modulated L band FQPSK non-linearly
amplified transceiver in an AWGN channel.
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Figure 5 Measured BER performance with ½ convolutional encoder, direct modulated L Band
FQPSK non-linearly amplified transceiver in an AWGN channel.



PHYSICAL DIMENSIONS

CONCLUSION

It has been demonstrated that a FQPSK implementation will increase spectral efficiency
over PCM/FM by 200% while maintaining good BER performance. A frequency agile as
well as a bit rate agile design can still meet the requirements for BER and DC efficiencies
required today. By utilizing commercial MODEM components, a small footprint and low
cost solution, typically required for missile systems, can be realized without
compromising reliability or performance.
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RESTORE PCM TELEMETRY SIGNAL WAVEFORM BY MAKING
USE OF MULTI-SAMPLE RATE INTERPOLATION TECHNOLOGY

Song Peng
China Luoyang Optoelectro Technology Development Center

ABSTRACT

There are two misty understandings about PCM telemetry system in conventional concept:
Waveform can not be restored accurately; to be restored accurately, a measured signal
must be sampled at a higher sample rate. This paper discusses that by making use of multi-
sample rate DSP technology, the sample rate of a measured signal can be reduced in
transmission equipment, or system precision can be retained even if the performance of
low pass filter declined.

KEY WORDS

PCM telemetry, Digital signal processing, Multi-sample rate

1 INTRODUCTION

PCM telemetry system samples measured multi-signal by making use of interval sample in
times and transfers, instead of transfer continuously like frequency division system. The
theoretic base of PCM telemetry system is sample theorem. There are two vague
understandings about PCM telemetry system in conventional idea: the first one is that
PCM telemetry system can not restore signal waveform accurately. For example, it can not
accurately restore the rise time�the peak of a signal; the second one is that in order to
acquire certain accuracy, high sample rate must be adopted, or high precision filter must be
required. The former is due to the vague understanding to sample theorem, the reference
literature (1) has explained this problem in details. The latter is mainly refers to signal
waveform restoration. When a DSP, such as frequency spectrum analyzing etc, is made,
since the low pass filter (LPF) is not used, there is no problem of restoring waveform.
Table 1 shows the test result based upon a PCM telemetry system.

F (Hz): measured signal frequency
n (multiple of measured signal frequency): sample rate
U i•V rms•: input voltage of measured signal

ITC '99
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U o•V rms•: output voltage of measured signal
••percentage•: system error between output and input

Table 1 is a result by the radio channel within a near distance. To prevent the system or
radio channel from potential interference, a sine wave with single frequency is sampled by
S/H circuit and then fed to a LPF directly (the same LPF is used with table 1). Table 2
shows the test result. Each parameter has the same meaning with Table 1. Certain
regularities can be drawn from Table 1 and Table 2.
1 The common point: As the sample rate increases, the precision increases.
2 The different point: system error of Table 1 is higher than that of Table 2. This

difference is due to the quantity error.

According to Table 1, the sample rate must be as high as eighty times above the frequency
of measured signal in real applying, but this is not feasible in real engineering applying.
Trial and analyses indicates that precision decline is caused by LPF performance. The LPF
attenuation characteristic is 24dB/oct, When the frequency of measured signal is 2kHz•the
sample rate is 3.2 times. Then the sampled signal spectrum is a periodic signal that has
spectrum at 2kHz•4.4kHz•8.4kHz…. With the above LPF, suppose the cut-off frequency
of the LPF is set to 1.5 times of the frequency of measured signal (3kHz), the nearest
spectrum of 4.4kHz is theoretically attenuated to 0.217 time and the spectrum of 8.4kHz is
attenuated to 0.01 time. It is apparent that the most significant system error is caused by
the nearest spectrum and the induced error is up to 21.7%. It should be noticed that if
several spectra affect signal, the errors can not be simply algebraically summed up because
of their different phases. Nowadays, some special LPFs have high attenuation of 96dB/oct
(see literature (2)). This kind of LPF can attenuate the nearest spectrum to 1/1200 with 2.56
times sample rate, correspondingly, the restored signal waveform has high precision. Yet
this demands a high filter performance and it does not bring about convenience to data
process. This paper demonstrates a method that restores signal waveform by making use of
multi- sample rate DSP (interpolation) technology. Not only can waveform data of a
desired point be calculated, but processed digital signal can be displayed to CRT as well,
the waveform can be restored by hardware either. The method demands a low filter
performance.

2 SAMPLE THEOREM AND PCM TELEMETRY SYSTEM

Different multi channels signals are distinguished by time in PCM time divide multiplexing
(TDM). Its principle is based upon sample theorem --- the theoretic base of processing
analog signal in digital method. Mathematics expression of sampling theorem is:
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Where s (t) is original analog signal, s (kT) is sampled data at (kT) moment. The
expression
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is the impulse response of a ideal LPF with cut-off frequency f N=1/2T.

Expression (1) indicates that analog signal can be restored at the filter output after sample
data series has been inputted to a filter with the same h (t) as shown in expression (2).
PCM telemetry system restores TDM multi-signal just by making use of sample theorem.
Since ideal LPF is not available we must search for ways which are easy to achieve under
requested precision.

3 MULTI SAMPLE RATE DSP

One important content in multi-sample rate DSP is the interpolation•the decimation of data
and the arithmetic study. Interpolation principle is mainly introduced here.

First of all, interpolation by an integer factor is introduced. Interpolation by an integer
factor is defined that (I-1) sample data are inserted between two adjacent sample points.
Because the (I-1) sample data are unknown, it appears to be very complicated.
Theoretically, a known sampling serial x n T( )1 1  can be converted by D/A to original analog
time function x t( )  and this x t( )  is sampled at a high sample rate to y n T( )2 2 , Where

                          IT
T 1

1

2 =                       (3)

I is called interpolation factor, which is an integer greater than 1. However this method is
not economical. In real system, the method we adopt is as follows:

(I-1) points of zero value are inserted at the  same interval between two adjacent sample
points of a known sample serial, after LPF, interpolation by an integer factor I is gained.
The block diagram is shown in Figure 1. •I  in figure expresses inserting (I-1) points of
zero value between two adjacent sample points. •I  is called an interpolator which
expresses zero value interpolation. After value “0”s are interpolated, v n T( )2 2  is gained,
which becomes y n T( )2 2  after pass through LPF h n T( )2 2 . x n T( )1 1 •v n T( )2 2  and y n T( )2 2  are
shown in Figure 2.

The demand on LPF is explained thereinafter. Supposing x t( )  and its Fourier transform
X j( )Ω  are as shown in Figure 3, and x n T( )1 1  samples x t( )  at interval T1, y n T( )2 2  samples



x t( )  at interval T2 then their Fourier transform X e j( )ω  and Y e j( )ω  are as shown in Figure
4(a) and (b). X e j( )ω  and Y e j( )ω  are all periodic functions. If expressed in angular frequency
Ù, then X e X ej j( ) ( )ω1 1= ΩΤ  and its period is Ω sa T1

2
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Ω Ωsa T T saI I2
2 2

12 1
= = =π π . Fourier transform of v n T( )2 2  in Figure 1 is V e V ej j( ) ( )ω2 2= ΩΤ . Since

Therefore    V e v n e x ej j n n
I

j n

nn

( ) ( ) ( ) /ω ω2 2 2 2 1 2

22

2 2 1
2= =− −

=−∞

∞

=−∞

∞

∑∑ Τ Τ ΩΤ

Since       n
I n2

1=

Therefore    V e x n ej j n

n

( ) ( )ω2 1 1
1 1=

=−∞

∞

∑ Τ ΩΤ

                  = X e j( )ω1

It is obvious that the spectrum of V e j( )ω2  is same as that of X e j( )ω1 , except for the period of
X e j( )ω1  is Ω Τsa1

2
1

= π , whereas that of V e j( )ω2  is Ω Τsa2
2

2
= π . X e j( )ω1  and V e j( )ω2  are shown in

Figure 5. The part from Ωc  to Ω Ωsa c2 −  is called image frequency. From the figure, it can
be seen that to gain Y e j( )ω2  from V e j( )ω2  is not difficult. It can be achieved by pass V e j( )ω2

through a LPF whose cut-off is ωc . The frequency response of this ideal LPF is as shown
in Figure 6. A linear phase LPF (FIR) can be used. For a digital filter with FIR structure, It
is easy to be designed to linear phase and sharp cut-off characteristic.

Decimation by an integer factor is simpler than interpolation, but the decimation of x n T( )1 1

has to be done optionally. Only if the abstracted sample rate is still in compliance with
sample theorem, can original signal x t( )  be restored. Usually, an anti-aliasing filter is
adopted to restrict the signal frequency bandwidth under Ω Ωsa sa

D
2 1

2 2=  (D is the decimation
factor).

               4  USE MULTI-SAMPLE RATE INTERPOLATION TECHNOLOGY
     TO RESTORE PCM TELEMETRY SIGNAL WAVEFORM

By use of multi-sample rate interpolation technology, the demand to analog filter can be
reduced in restoring PCM telemetry signal waveform. The spectra of the last row data in
Figure 1 are shown in Figure 7. This received PCM signal is interpolated by an integer
factor 2, that is I=2, and filtered by a LPF as shown in Figure 6, the resulted spectrum is
shown in Figure 8. The original analog LPF (the 3db frequency is at 2kHz×1.5, attenuation
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24db/oct) attenuates the spectrum of 10.8kHz to 44 dB. The waveform restored by this
LPF has only 0.6% waveform error that is resulted from the spectrum of 10.8kHz. If an
interpolation by an integer factor 3 is used, the waveform error resulted from the spectrum of 17.2kHz is
0.1%.
So the key to restoring waveform by multi-sample rate interpolation technology is that the
difficult in designing analog filter can be solved by designing digital filter. Fortunately, the
implement of digital filter is very easy and there are many existent procedure can be used.

5  CONCLUSION

Theoretically, this paper analyses restoring telemetry signal waveform by use of
interpolation technology only on experimental basis. Next, we shall simulate it in computer
and than try and apply it to real system. With the rapid development in digital technology
and computer, the theory•arithmetic and hardware technology of DSP have been
developed rapidly and applied to a variety of field. The multi sample DSP is an aspect of
DSP field and can be adopted to the benefit of signal processing•encoding•transferring and
storing, it can also save computer processing time. The technology applies to FIR digital
filter•sample theorem•multi-channel communication and short time Fourier transform and
so on.
Among all the advantages of using DSP, the most important one is that it lowers the
demands on hardware performance. What we have discussed in this paper gives a good
example.
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Figure 1. Interpolation system block diagram

Figure 2. Serials in interpolation process



Figure 3. Sketch map of x t( )  and X j( )Ω

Figure 4. x n T( )1 1 � y n T( )2 2  and X e j( )ω1 �Y e j( )ω2



Figure 5. Spectrum of X e j( )ω1  and V e j( )ω2

Figure 6. Perfect amplitude-frequency characteristic of LP



Figure 7. Spectrum of a single frequency sine signal sampled

Figure 8. Spectrum of a single frequency sine signal
          sampled after passing through a digital LP



Table 1

f N Ui1     Uo1    �1 Ui2     Uo2   �2 Ui3     Uo3   �3 Ui4     Uo4    �4

40 160 0.250  0.247   1.20% 0.500  0.500  0.00% 1.000  0.997   0.30% �     �     �

80 80 0.248  0.248   0.00% 0.497  0.497  0.00% 0.997  0.994   0.30% �     �     �

200 32 0.247  0.243   1.62% 0.493  0.490  0.61% 0.998  0.982   1.60% �     �     �

500 12.8 0.243  0.234   3.70% 0.485  0.470  3.09% 0.972  0.941  3.19% 3.403  3.289  3.35%

800 8 0.240  0.224   6.67% 0.481  0.449  6.65% 0.962  0.898  6.65% 3.378  3.183  5.77%

1000 6.4 0.239  0.216   9.62% 0.478  0.434  9.21% 0.958  0.868  9.39% 3.370  3.080  8.61%

1200 5.3 0.237  0.209  11.81% 0.478  0.420  12.13% 0.995  0.840  2.04% 3.369  2.986  1.37%

1500 4.3 0.237  0.200  15.16% 0.479  0.403  15.87% 0.995  0.805  5.71% 3.371  2.860  5.16%

2000 3.2 0.238  0.195  18.07% 0.478  0.390  18.41% 0.958  0.780  18.58% 3.383  2.800  7.23%

Table 2

f N Ui1      Uo1    �1 Ui2     Uo2    �2 Ui3     Uo3    �3 Ui4     Uo4     �4 Ui4     Uo4    �4

640 160 0.260  0.260  0.00% 0.500  0.480  4.00% 1.020  1.000  1.96% 2.200  2.160  1.82% 3.600  3.200 11.11%

1280 80 0.256  0.256  0.00% 0.512  0.512  0.00% 1.040  1.040  0.00% 2.200  2.200  0.00% 3.600  3.600  0.00%

3200 32 0.256  0.264  3.13% 0.520  0.520  0.00% 1.040  1.040  0.00% 2.200  2.200  0.00% 3.440  3.440  0.00%

8000 12.8 0.256  0.264  3.13% 0.500  0.500  0.00% 0.980  0.980  0.00% 2.240  2.200  1.79% 3.520  3.440  2.27%

12800 8 0.256  0.256  0.00% 0.448  0.456  1.79% 1.020  1.000  1.96% 2.240  2.160  3.57% 3.520  3.360  4.55%

16000 6.4 0.256  0.260  1.56% 0.580  0.580  0.00% 1.040  1.040  0.00% 2.240  2.160  3.57% 3.520  3.360  4.55%

19200 5.3 0.244  0.256  4.92% 0.600  0.580  3.33% 1.000  0.960  4.00% 2.280  2.140  6.14% 3.440  3.280  4.65%

24000 4.3 0.244  0.268  9.84% 0.472  0.464  1.69% 1.040  0.980  5.77% 2.280  2.040 10.53% 3.440  3.200  6.98%

32000 3.2 0.256  0.200 21.88% 0.600  0.540 10.00% 1.040  0.860  17.31% 2.280  2.000 12.28% 3.520  3.120 11.36%
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ABSTRACT

In the past four years Congress has passed legislation mandating the reallocation of 255 MHz
of radio frequency bands from Federal to non-Federal or “MIXED USE.” Several of the
frequency bands supporting telemetering functions were affected, and more legislation of this
nature is forecasted.
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INTRODUCTION

Aeronautical flight testing is an expensive, technically sophisticated and, at times, dangerous
production. A number of complex and organizationally independent functions must be
successfully coordinated to complete a mission. Examples of some of these are: range safety,
chase aircraft, weather, radars, recorders, and, of course, aeronautical telemetry support.
Because a mission relies on so many disparate factors, the availability of sufficient dedicated
frequencies and frequency bands is essential.

The aeronautical flight test community is heavily dependent on access to four portions of the
electromagnetic spectrum. Specifically, the 1435-1525 MHz and 2310-2390 MHz bands (also
referred to as “L-Band” and “Upper S-Band” respectively) are used by the Department of
Defense (DOD), the National Aeronautics and Space Administration and the civil aerospace
industry for the development and checkout of manned aircraft. The 2200-2290 MHz band
(“Lower S-Band”) is restricted to telemetering of unmanned flight vehicles such as drones and
missiles. Although the 1710-1850 MHz band was reallocated to other functions many years
ago several ranges still retain frequency assignments in this band for air/ground video telemetry
operations. Loss of access to these bands, or portions of these bands, would have a significant
cost to the telemetering community.



BODY

On 10 February 1995, then-U.S. Secretary of Commerce Ronald H. Brown issued the National
Telecommunications and Information Administration's (NTIA) “Spectrum Reallocation Final
Report.” Mandated by the Omnibus Budget Reconciliation Act of 1993 (OBRA-93), this
report identified 235 MHz of radio frequency bands for reallocation from Federal to non-
Federal or “MIXED USE”:

BANDS REALLOCATION TIMETABLE 
1390-1400 MHz January 1999
1427-1432 MHz January 1999
1670-1675 MHz* January 1999
1710-1755 MHz* January 1999/2004**
2300-2310 MHz August 1995
2390-2400 MHz Complete
2400-2402 MHz August 1995
2402-2417 MHz Complete
2417-2450 MHz* August 1995
3650-3700 MHz* January 1999
4635-4660 MHz January 1997
4660-4685 MHz Complete

*  These bands are designated “MIXED USE”
** The reallocation was moved forward for the top 25 U.S. cities to January 1999. Only
existing Federal agencies will continue within 150 km of these cities. All other areas will be
reallocated in January 2004.

Four of the reallocated bands were designated “MIXED USE.” This means that limited
amounts of some classes of Federal transmitters will be conditionally permitted to operate in
these bands. In addition to this clemency, the transfer of certain bands at specified locations
will be delayed (in many cases indefinitely) to protect certain high-value users.

There were three primary objectives to this legislation. The first was to increase the efficiency
of spectrum use and the effectiveness of the spectrum management process. The second, to
promote and encourage the use of new spectrum-based technologies in telecommunications
applications. The third, to add several billion dollars to Government coffers through
competitive bidding (auctions) for the reassignment and licensing of the reallocated bands to
the private sector by the Federal Communications Commission (FCC).



These noble goals were of little comfort to those spectrum orphans who were expected to:

• Locate unoccupied Government spectrum and get replacement assignments for their
expelled equipment. And with fewer frequency bands and more systems to accommodate,
spectrum congestion and conflict would increase.

• In some cases, totally re-engineer the expelled equipment to fit the characteristics and
standards of the new band; a wretched and expensive burden indeed. Since Title VI did not
provide a mechanism to compensate Federal agencies for the costs of this reallocation, the
user was responsible for funding, converting, retuning and replacing his displaced
frequencies and equipment.

The NTIA was tasked to research and identify the spectrum for reallocation. To make the
transfer as painless and efficient as possible, the NTIA sought out the Government spectrum
that:

• Was not required for the Government's present or future needs.
• If transferred, would not result in costs or loss of services that were excessive in relation to

the benefits.
• Had the greatest potential for productive uses and public benefits (and auction profits)

when sold to the private sector.

OBRA-93 was more of a nuisance than a handicap to the telemetering community. The
1390-1400 MHz and 1427-1432 MHz bands host the DOD’s Range Joint Program Office
(RAJPO) data link system. However, in 1999 the RAJPO assignments in these bands were
not deleted but rather permitted to operate on a non-interference basis to existing and
future non-Federal assignments. Also, all of the remaining telemetry assignments in the
1710-1755 MHz band will be deleted but the rest of the 1755-1850 MHz band remains
Federally-allocated.

After two years of thorough search and sometimes painful negotiation the NTIA succeeded in
minimizing the reallocation impact to Federal users. Of the thousands of types of emitters used
by the Government, just a few dozen were affected to any extent. Most of these lost a fraction
of their allocated operating band, meaning their operators would merely have to shift their
assignments a few MHz up or down. Only a few major systems, like the U.S. Navy’s
Cooperative Engagement Capability Data Distribution System and the AN/SPN-43 air traffic
control radar, were seriously impacted.

However, despite the word "FINAL" in the title of the reallocation report, the raids on
Federally-allocated spectrum continued. When the initial spectrum auctions produced several
billion dollars for the US Treasury, members of Congress took notice and generated further
spectrum reallocation proposals, many of them crackpot. On 7 June 1995, Senate Bill S.888



was brought before a vote. This bill by Senator Stevens (R-Alaska) proposed reallocation of
another 275 MHz of Government spectrum, including the entire 225-400 MHz band. In 1993
the DOD declared that the 225-400 MHz band was the single most critical spectrum resource
of the military tactical forces, both nationally and within the North Atlantic Treaty
Organization. Despite this proclamation Bill S.888 passed by a voice vote. Once the Bill
passed the House and was signed into law by the President the DOD would have nine months
to vacate the band.

The DOD was stunned. Not only had the Senate totally overlooked the significance of the
band to the national defense but the DOD had no notice this Bill was even being contemplated
until the day of the vote. The resulting outcry quickly persuaded Senator Stevens to strike
reallocation of the 225-400 MHz band from the Bill, but the DOD knew this was just a brief
respite. Realizing the gravity of the threat to its electromagnetic spectrum assets the DOD has
since mobilized to:  

• Ensure there are no more breakdowns in liaison between the DOD and Congress
concerning proposed spectrum reallocation legislation.

• Document and justify its use and possession of its remaining frequency bands against
further encroachment.

• Somehow predict the access it will have to crucial spectrum assets in the near and far
terms; an access largely dependent on national-level legislating and budgeting whims.

There were other circumstances that slowed the impetuous of the reallocation frenzy.
Pressured by a voracious Congress the FCC increased the pace of the spectrum auctions.
As a result too much spectrum was dumped on the market too soon, resulting in a glut.
One auction was predicted to pull in about $1.8 billion; instead it only raised $13.6 million,
or less than 1% of the expected amount. At the same time many of the earlier auction
winners were declaring bankruptcy; they belatedly discovered that neither the market or
the required technology was prepared to accommodate their pricey electromagnetic
investments. 

Despite these alarms, on 8 August 1997, President Clinton signed into law the Balanced
Budget Act of 1997 (BBA-97). Title III of the BBA required the Federal Government to
surrender 20 more MHz of spectrum below 3 GHz for future auctions NLT 8 February
1998. It is important to note that the BBA-97 required identification of reallocatable
frequencies in a report to the Congress within six months. In contrast, the report to
Congress on OBRA-93 was submitted after 18 months of analysis and negotiation. The
BBA-97 final reallocation plan is detailed below:



BANDS REALLOCATION TIMETABLE 
139.0-140.5 MHz* January 2008
141.5-143.0 MHz* January 2008
216-220 MHz* January 1999
1385-1390 MHz January 1999
1432-1435 MHz* January 1999
2385-2390 MHz January 2005

 
*  These bands are designated "MIXED USE"

The loss of the 1385-1390 MHz band removed additional channels from the RAJPO system,
which reduced the number of aircraft that can be simultaneously in the same geographic area.
However, all RAJPO-hosting facilities were excluded from the mandates of reallocation until
January 2009. Reallocation of the 1432-1435 MHz band removed the upper channel for the
RAJPO system. To protect this investment, all RAJPO sites were granted indefinite protection.

More significant is the loss of the 2385-2390 MHz band. This band is used at DOD test ranges
and by the private sector aerospace industry for flight test telemetry for manned aircraft such as
the F/A-18E/F, V-22, F-22, Joint Strike Fighter and the Boeing 777. Since the 2310-2360
MHz band was reallocated in 1992 to the Digital Audio Broadcasting industry, its usability
will soon be lost to the flight test community. Loss of the 2385-2390 MHz band will mean
increased program schedule slippage and range operations costs because only 25 MHz of
spectrum (2360-2385 MHz) will be available for aeronautical telemetry in the Upper S-Band.

CONCLUSION

Both the House and Senate Commerce committees predicted in the BBA-97 revenues of $26.3
billion over the next five years from spectrum sales. In light of recent shortfalls in predicted
auction profits this figure is certainly over-optimistic. Still, while not the bottomless piggy bank
some partisans anticipated, the spectrum sales have proven profitable. As a result pressure to
reallocate more Federal (and telemetry) spectrum to non-Federal use will continue for the
foreseeable future.

For more information consult the “DOD Spectrum Encroachment WWW Page.” This is an
unclassified, continuously updated compendium of spectrum reallocation-related documents,
reports, bulletins, summaries and sources. It allows the spectrum user to identify and track the
numerous crucial spectrum encroachment issues that will directly impact their systems and
facilities. It can be used as a tool for informing and educating other spectrum users and
defending against loss of their spectrum assets. Finally, it serves as a “rumor control” to head



off much of the counterproductive speculation and misconception that have followed the
different surges of encroachment legislative proposals. The Web Address is:

http://spectrum.nawcad.navy.mil
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DATA COMPRESSION STATISTICS AND IMPLICATIONS
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ABSTRACT

Bandwidth is a precious commodity. In order to make the best use of what is available,
better modulation schemes need to be developed, or less data needs to be sent. This paper
will investigate the option of sending less data via data compression. The structure and
the entropy of the data determine how much lossless compression can be obtained for a
given set of data. This paper shows the data structure and entropy for several actual
telemetry data sets and the resulting lossless compression obtainable using data
compression techniques.
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INTRODUCTION

One of the main topics for discussion in the modulation area of communications lately
seems to be frequency allocation and the protection of spectrum. The importance of this
topic can be seen in the formation of ARTM (the Advanced Range Telemetry group)
which is tasked to “evaluate technology which can potentially improve the efficiency of
aeronautical telemetry utilization. The technologies which emerge from this project with
the greatest potential will be integrated into new range operational capabilities through
the ARTM program.” [1]. One of the areas of concern for ARTM is bandwidth efficient
modulation. Again, in publications like Satellite News [2], the importance of spectrum
and preserving and conserving spectrum is evident. There are two ways to make the
optimum use of the spectra that is available. One way is to change the modulation of the
signals by using higher orders of modulation, or more efficient modulation techniques.
The other way is to reduce the amount of data to be sent either by taking less data, or by
compressing the data.

Entropy is a measure of the information content of data. The entropy of the data will
specify the amount of lossless data compression that can be achieved. However, finding
the entropy of data sets is non-trivial [3]. Approximations to the entropy can be obtained



by calculating various orders of entropy. The actual entropy can be approximated as the
limit as n approaches infinity of the nth order entropy [3].

Many lossless data compression algorithms exist. Some of the main techniques in use are
the Huffman [4], Arithmetic [3], Lempel-Ziv [5], runlength, predictive coding or
variations and combinations of these. Each of these methods can be found in most data
compression texts. The Huffman code is a very efficient code, that is built using variable
length codes where the least probable symbol is assigned the longest codeword and the
most probable symbol is assigned the smallest codeword. The Arithmetic code is the
mapping of several symbols to a specific region on the number line. To code the
sequence, one simply sends a numerical value from inside the specific region of the
number line. Lempel-Ziv is a dictionary based code which uses information from what
has been sent to code what is being sent. Runlength codes are used to code long runs of
single symbols or long runs of strings of symbols. Predictive coding can take many forms
from simply taking the difference between symbols to modeling the underlying physical
process generating the data. The trick to coding is finding what works best with the data
that needs to be compressed.

TEST DATA

Thirteen actual telemetry data files were obtained from the Advanced Range Telemetry
(ARTM) group. The data were then analyzed to find the 4 bit, 8 bit, and 12 bit entropies.
The entropy for a set of data is given by:
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Where H (S) is the entropy of the source (the data)
Xi  are the elements of all possible sequences of the data. The Xi can be bits,
symbols, or words.
n = the length of the sequence
P is the probability
m = the size of the alphabet used for coding; for binary data, m=2, for words of
4 bits in length, m=16, etc.

To find the 4 bit entropy, all possible combinations of four elements from the binary
alphabet were found. The frequency of occurrence of each of these 4 bit words was
found. This frequency was used as an estimate of the probability of occurrence for each
of these words. From these probabilities, the estimate for the 4 bit entropy was found
using equation 1 where n=4 and m=2. For the 8 bit entropy, 256 different words are



possible, and for the 12 bit entropy, 4096 words are possible. It can be seen that letting n
approach infinity will quickly become impractical. The formats for each data set varied.
Some of the data were coded into words of 10 bits, some 12 bits, etc. A summary of the
data statistics is given in Table 1.

Table 1.  Data Set Entropies and Word Size
Data Set Data word size

In bits
4 bit

Entropy
8 bit

Entropy
12 bit

Entropy
SDS001 12 3.9 7.5 10.3
SDS002 12 3.3 6.0 7.5
SDS003 12 3.8 7.0 9.0
SDS004 10 3.4 5.9 7.3
SDS005 10 3.6 6.6 8.6
SDS006 10 3.7 5.9 7.6
SDS007 10 2.9 5.9 7.5
SDS008 12 2.6 4.2 4.7
SDS009 12 3.2 5.8 6.9
SDS010 12 2.7 4.3 4.8
SDS011 12 2.8 4.9 5.9
SDS012 16 2.5 3.7 5.2
SDS013 24 2.8 3.7 4.6

DATA COMPRESSION RESULTS

To determine the amount of compression that should be possible, the entropy per number
of bits must be used. Hence % compression for k bit entropies = (1-(k bit entropy /
k))*100. The amount of compression for each data set can then be found. If the k bit
entropy is equal to the entropy, then the predicted compression will be a lower bound for
all data compression techniques. A plot of the predicted compression from the calculated
entropies is given in Figure 1. It can be seen that the compression increases as the number
of bits per symbol is increased. This indicates that the entropies do not yet equal the
entropy for the data sets. Consequently, compression techniques should be able to
achieve values better than these predicted values.

The Huffman, an Adaptive Huffman, Arithmetic, and Lempel-Ziv compression
algorithms were applied using programs from Mark Nelson’s text [6]. The Huffman
codes and Arithmetic codes use an 8-bit word length in the code. Two variations of the
Lempel-Ziv algorithm were used. The LZSS uses a pair of values to indicate the location
of the match and the length of the match in the dictionary. The LZW algorithm involves
only sending one element instead of a pair of elements, and using a start up alphabet in
the dictionary consisting of all the letters of the source alphabet. The percent compression
for each technique along with the predicted compression is given in Table 2.



Table 2.  Data Compression Results
Data Set Huffman Adapt.

Huffman
LZSS LZW Arith-

metic
% 4 bit

Predicted
compress

% 8 bit
Predicted
compress

% 12 bit
predicted
compress

SDS001 6.3 6.9 15.5 -9.9 6.6 2.5 6.3 14.2
SDS002 24.1 25.5 61.1 33.8 24.7 17.5 25.0 37.5
SDS003 11.5 15.5 39.7 -7.3 11.9 5.0 12.5 25.0
SDS004 25.1 27.7 50.2 11.5 25.5 15.0 26.3 39.2
SDS005 18.5 19.0 34.7 18.5 18.7 10.0 17.5 28.3
SDS006 25.1 25.9 40.2 32.5 25.4 7.5 26.3 36.7
SDS007 25.9 26.5 41.9 28.2 41.9 27.5 26.3 37.5
SDS008 46 48.3 71.0 53.9 46.7 35.0 47.5 60.8
SDS009 27.5 29.4 64.7 26.3 27.7 20.0 27.5 42.5
SDS010 45.2 47.5 68.9 52.7 45.9 32.5 46.3 60.0
SDS011 37.6 39.7 64.5 46.0 38.1 30.0 38.8 50.8
SDS012 51.9 51.9 65.9 63.7 51.9 37.5 53.8 56.7
SDS013 48.6 53.7 65.5 64.8 51.4 30.0 53.8 61.7

A negative with the compression value indicates that the file was expanded instead of
compressed. It can be observed that each data file compressed differently. Figure 2
contains the plot of the results of the compression techniques. It can be seen from Figure
2 that certain files will compress very well. A 60% compression would mean that the file
would take up less than half its original size. In all cases, there is at least one technique
that provides compression of 10% or more. With the demands on spectra, even this little
gain can be worth something. Since the Huffman and Arithmetic codes that were tried
work with 8 bit word sizes, if the compression obtained by these techniques is compared
with the 8 bit entropy, we see a very close match. All but 2 of the results are within 10%
or less of the 8 bit entropy. Since the LZ algorithms achieve larger compression than this
indicates, the 8 bit word size is not the best choice and that this 8 bit entropy is not the
entropy. Also, since the k bit entropies continue to increase with k, this also indicates that
the actual entropy has yet to be found. Hence even larger compressions can be expected.

CONCLUSION

Data compression is a viable possibility to aid in optimal use of frequency spectra. Less
data transmitted translates into less bandwidth necessary to transmit the data.

Further work is necessary. Making use of the data structure of the data sets can result in
the use of prediction techniques, which can provide more compression. Work in this area
is needed. Also, analysis of how data performs in the channel will also determine its
ultimate usefulness. This work will continue by simulating the data compression in
aeronautical channels.
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Figure 2. 
Data Compression Results
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HYPERSPECTRAL IMAGE COMPRESSION

Dr. William H. Hallidy Jr. and Michael Doerr
Systems & Processes Engineering Corporation

ABSTRACT

Systems & Processes Engineering Corporation (SPEC) compared compression and
decompression algorithms and developed optimal forms of lossless and lossy compression
for hyperspectral data. We examined the relationship between compression-induced
distortion and additive noise, determined the effect of errors on the compressed data, and
showed that the data could separate targets from clutter after more than 50:1 compression.

KEY WORDS

Compression, Rice, Wavelet, Hyperspectral, Target/Clutter, Bit Error

INTRODUCTION

Hyperspectral imaging sensors and imaging spectrometers offer significant utility for a
wide range of commercial and defense applications in the remote sensing area. These
instruments image a scene over a large number of discrete, contiguous spectral bands such
that a complete reflectance spectrum can be obtained for the region imaged. For example,
the Hyperspectral Digital Imagery Collection Experiment (HYDICE), a high resolution,
airborne imaging spectrometer, collects 210 contiguous spectral components over a range
of 400 - 2500 nm for each of 320 separate spatial locations in a scene. Such a system
generates a prodigious amount of information in a relatively short time. Assuming that the
sensor array is digitized at 12 bits/pixel, with a frame time of 17.3 ms, we see that data is
generated at over 5.8 Mbytes/s. An hour of continuous collection will provide a
spectral/spatial hypercube of over 20 Gbytes of data. Hyperspectral instruments planned
for future missions, such as Warfighter, HRST, ASRP and MARS, will significantly
increase these numbers. Thus, it is challenging to store or transmit the data. Data
compression can alleviate this problem. Data compression will also provide extended
mission time over target capability due to the more effective use of on-board data storage
and telemetry.

Systems & Processes Engineering Corporation (SPEC) has applied its experience with
compression techniques to hyperspectral image (HI) data. In this report, we present some



of the findings of our research. We compared a number of compression algorithms and
developed forms of both lossless and lossy compression for hyperspectral data. We also
examined the relationship between compression-induced distortion and additive Gaussian
noise, determined the effect of bit errors on the compressed HI data and showed that the
data could separate targets from clutter after more than 50:1 compression.

SPEC applied several data compression techniques to HI data to establish optimal forms of
both lossless and lossy compression. For lossy compression, a study of the effect of
quantization distortion on the statistics of the data and a comparison of this distortion to
the effects of noise was made. Quantitative studies were made of the relationship between
the rms error due to distortion and the number of eigenvalues that were available for target
detection in clutter. The study also included a determination of the effect of bit errors on
the compressed images. Both lossless and lossy compression techniques were applied to
samples of the HI data cube. The feasibility study successfully demonstrated data
compression with a test set of AVIRIS HI data.

HYPERSPECTRAL IMAGING

Modern hyperspectral imaging systems employ a two-dimensional detector array. One
dimension provides a linear array of spatial image pixels, while the other records
hyperspectral data for each pixel. The spectrum is created by means of dispersive elements
that allow acquisition of spectral data over hundreds of discrete spectral bands. The raw
data for a single spatial pixel has the form of a continuous spectrum. As the camera
platform moves, the camera scans the ground in a push-broom fashion to produce a data
cube of hyperspectral images for on-board storage or immediate telemetry.

TARGET DETECTION IN CLUTTER

Hyperspectral Imagery usually contains objects of interest, ‘targets’, superimposed on a
random background called ground clutter. In order to separate the target from the clutter in
the scene, a statistical technique is frequently employed that involves using the covariance
matrix of the data. The covariance matrix, C, is defined from the image. The matrix is
symmetric and positive semidefinite. In practice, we expect C to be positive definite in all
but the most exceptional instances. Thus, C may be diagonalized by a similarity transform
with an orthonormal matrix. The diagonalized values are just the eigenvalues of C. The
columns of the orthonormal matrix are its eigenvectors. For a symmetric, positive
semidefinite matrix, the singular value transform and the eigenvalue decomposition of the
matrix can be made identical. We use the singular value decomposition in our analyses.

The eigenvectors of the covariance matrix represent the directions in which the spectral
scatter data is completely decorrelated. They are linear combinations of the basis defined



by the spectral bands. The eigenvalues define the variances in the eigenvector directions,
so that for Nr spectral bands, a hyperellipsoidal error figure defines the standard deviation
of the data in any direction. The ellipsoidal shape of the error figure can make it possible
to separate a target from its clutter even when it is concealed in clutter in each of the
spectral bands employed.

LOSSLESS COMPRESSION ALGORITHM

After comparing several lossless algorithms, we decided to use the Rice algorithm for
lossless compression and, with some modification, as the lossless backend to our lossy
compression algorithm. The Rice algorithm was designed to compress image data from
space. It works in a raster fashion, organizing the image lines into blocks of pixels, usually
with 16 pixels per block. Its results are comparable to those that would be achieved by
designing a Huffman tree for each member of a set of entropy ranges and applying the tree
that best fit the entropy for each block of pixels. However, the Rice code does not require
such a set of trees.

One implementation requires a reference pixel at the beginning of each row in the image.
Each pixel on the row thereafter is differenced with the preceding pixel to reduce
redundancy. The difference values are mapped to a set of positive integers called sigma
values. These sigma values create a probability distribution that approximates the
Laplacian distribution. A comma code is formed from the sigma values. This code is
concatenated for each block of pixels to form what is called a Fundamental Sequence (FS).
The code, now renamed Universal Source Encoder for Space (USES), has been greatly
improved from its original form by Dr. Pen-Shu Yeh of NASA Goddard.

The sigma values for a block are stored in a FIFO buffer while the bit counter determines
which of 15 options will produce the shortest code. This is possible because the code
length may easily be determined from the sigma values. The winning option code is then
concatenated with appropriate identification bits and sent on.

LOSSLESS COMPRESSION RESULTS

In Table 1, we show the results obtained by lossless compression of the AVIRIS Moffett
Field data. The Rice algorithm was used to obtain the tabulated results. In applying the
algorithm, we chose to require eight pixels per block. This entailed the addition of two
extra columns of zeros to the original frame. The average compression obtained over the
data was 2.20:1.



Frame 50 100 150 200 250 300 350 400 450 500
Compression
ratio

2.11 2.10 2.30 2.30 2.30 2.30 2.29 2.17 2.15 2.06

Table 1: Compression ratios of frames of Moffett Field scene 3 obtained with Rice

LOSSY COMPRESSION ALGORITHM

All lossy compression algorithms achieve their large compression ratios through some
form of quantization. This is quantization that occurs in addition to the initial quantization
that takes place in the A/D converter. For example, A/D conversion maps pixel values
from an intractably large number of states (zero to full well of electrons) to a much smaller
number of states (e.g., 0-256 for an 8-bit A/DC).

SPEC has compared the performance of lossy JPEG and Wavelet Compression
techniques. We compressed frames of AVIRIS data to approximately the same degree
using a JPEG Discrete Cosine Transform and using the wavelet transform. The final stage
of lossless compression was performed with SPEC’s modification of the Rice algorithm
for each algorithm. The resulting compression ratios and relative errors are shown in Table
2. The results shown led us to choose the Wavelet Transform for compression of the
Hyperspectral Image data. We also conducted a study of the choice of wavelet basis that
resulted in our deciding to use the Daubechies 5 wavelet for the lossy compression
algorithm

Algorithm Compression Ratio Relative Error (%)
JPEG 50.4 0.46
Wavelet 58.6 0.36

Table 2: Comparison of lossy algorithms

LOSSY COMPRESSION RESULTS

We sampled the compression on frames of the entire AVIRIS data cube with the
Daubechies 5 basis and uniform 8-bit quantization. The results of this sampling are shown
in Table 3. The mean compression ratio over the samples is 59.8:1 with a mean relative
rms error of 0.43%. The median values of the compression ratio and rms error are 60.3:1
and 0.38%, respectively. From the table, it appeared that frame 300 of the data cube gave
results that were fairly representative of the average over the samples. We therefore used it
as an exemplar of the cube’s compression behavior.



Frame 50 100 150 200 250 300 350 400 450 500
Compression
ratio

87.6 46.0 60.7 64.1 65.3 58.6 62.8 58.1 59.9 50.3

Relative rms
error (%)

0.75 0.41 0.37 0.36 0.38 0.36 0.37 0.43 0.38 0.46

Table 3: Sampled compression of Moffett Field scene 3 data

We compressed AVIRIS data from frame 300 of the data cube employing a wavelet
transform with the Daubechies 5 basis. The final lossless compression was performed with
a SPEC modified form of Rice compression. Uniform bit quantization was used in each
case on the transformed coefficients at each of the 4 levels of decomposition employed in
the wavelet transform. Table 4 shows the compression results for the data, for uniform
quantization levels from 12 to 6 bits. Non-uniform sampling can be used to trade off some
compression for reduced rms error.

Qbits 12 11 10 9 8 7 6
Compression ratio 10.8 15.6 23.0 35.4 58.6 91.7 146.0
rms error (%) 0.04 0.07 0.15 0.23 0.36 0.64 0.90

Table 4: Moffett Field compression data

MEASURE OF DISTORTION

There is still a question as to what level of distortion is acceptable. Smaller distortion
values should mean more reliable data, but what constitutes a sufficiently small value for
HI data that is to be used for target detection and terrain classification? In the following
section, we suggest that the answer to the question may be found by examining the effects
of compression on the eigenvalues of the covariance matrix. In order to develop a valid
measure of distortion based on the eigenvalue decomposition of the covariance matrix, we
compared of the effects of compression induced distortion on the eigenvalues with effects
induced by the addition of white Gaussian noise.

COMPRESSION EFFECTS ON EIGENVALUES

We recall that the eigenvalues of the covariance matrix give the variance of the scatter
plots in the directions of the corresponding eigenvectors. Target detection in clutter
depends on the presence of target points outside of the error figure of the clutter’s scatter
plot. Figure 1 compares the 50 largest eigenvalues obtained after compression with those
of the original image. Since eigenvalues extend over a very large dynamic range, we have



employed a semi-logarithmic scale to better show their variation. The original values are
indicated as black + signs. The compressed data eigenvalues are shown for uniform
quantization at levels from 6 to 12 bits per coefficient, as depicted in the accompanying
legend. As may be seen from this figure, at a point that depends on the level of
quantization, the eigenvalues of the compressed data can grow an order of magnitude or
more larger than those of the original data. On the other hand, the smallest eigenvalues of
the compressed data were found to fall about two orders of magnitude below those of the
original data. We also compared individual eigenvalues of compressed data with those of
the original data. In all cases, we found that the largest eigenvalues for compressed data
were in good agreement with the original data.
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Figure 1: Compression effects on eigenvalues of AVIRIS data

Such discrepancies in agreement may have consequences for target detection. We shall
assume that the eigenvalues and eigendirections of uncompressed data for the clutter
environment are used to form an error figure that will be used for target detection decision
making.

If compressed data is used to send real time information about possible targets in the
environment, changes in the eigenvalues or in the eigendirections can adversely affect the
results. Larger eigenvalues correspond to greater scatter of the clutter. This could cause
some clutter pixels to move outside of the error figure, leading to false positive target
detection results. Smaller eigenvalues, indicating less variance in the scattered data, might
cause target pixels to move within the clutter error figure, resulting in a target detection
failure. Rotation of the eigendirections of the compressed data with respect to the original
data can be shown to lead to similar conclusions. Therefore only the eigenvalues and
eigenvectors with the least amount of change will be useful in target detection and terrain
classification.



NOISE EFFECTS ON EIGENVALUES

We have tried to assess the significance of the distortion described in terms of the relative
rms errors in the compressed data by making a comparison of the eigenvalues of the data
with those produced by the addition of white Gaussian noise to the original data. In order
to facilitate the comparison, we made the standard deviation of the noise equal to the value
of the distortion for each quantization level compared.

Figure 2 illustrates the results of this comparison for quantization levels 6, 8, 10, and 12.
The original data eigenvalues are again displayed with black + signs. The legend
accompanying the figure explains the labels used to display the eigenvalues of the
remaining parameters. The parameters are labeled according to their quantization level for
the compressed data. The noise data parameters are indicated by an appended n. The
quantization level indicated corresponds to a distortion equal to the standard deviation
chosen. The distortion values are listed in row three of Table 3.
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Figure 2: Compressed versus noisy eigenvalues for AVIRIS data

As shown in Figure 2, the eigenvalues of the noisy data depart from those of the original
data at about the same location as do those of the corresponding compressed data.
However, the slopes of the noisy data values flatten out thereafter. This corresponds to
eigenvalues and eigendirections that are dominated by noise. The effective number of
spectral degrees of freedom is actually equal to the number of significant eigenvalues.
Flattening out of the eigenvalues makes the error figure nearly spherical. Under such
circumstances, for a target to be discriminated from clutter dominated by noise, its spectral
value would have to dominate the clutter in at least one of the available spectral bands.

It may therefore be argued for the compressed data case that the number of unaffected
spectral values determines the effective number of spectral degrees of freedom. As the



eigendirections are linear combinations of the spectral bands, we see that the effective
number of independent spectral bands equals the number of eigendirections and
eigenvalues that are significant. For the Moffett Field data that we analyzed, we found that
the number of significant eigenvalues varied roughly linearly with a “signal to noise ratio”
defined as:

)(log20 10 σ⋅=SNR

where σ is the compression-produced distortion. More data would have to be examined to
determine whether a quantitative relationship between the SNR and the number of
eigenvalues holds in general.

TRANSMISSION BIT ERROR ANALYSIS

We simulated the effect of uncorrected bit errors arising in transmission of the data on the
wavelet-transformed coefficients of AVIRIS data for different assumed Gaussian
distributed error rates. We also determined single bit worst case errors for each level of the
decomposition by flipping a most significant bit in one of the level’s coefficients.

Figure 3a shows an original spatial/spectral image of AVIRIS, Moffett Field data. Figure
3b shows the same image affected by random errors with a probability of error, perr, of 10-6

per coefficient. In this image there is a bit error in each of three coefficients, although only
one error is large enough to be visible. The spread in the error is due to the filtering and
decimation actions of the transform. For the worst case errors, the spread in the image
depends on which of the coefficients is affected.
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Figure 3: (a) Original Spatial/Spectral Image (b) Image with single bit errors in three
coefficients

We also determined the effect on the data of random bit errors where the assumed
probability of error was 10-5 and 10-4 per pixel. These values introduced on the order of 10
and 100 bit errors in the coefficients, respectively. Based on these results, it appears
reasonable to suggest that the image frames would still be useable for uncorrected bit
errors in the compressed coefficients at a level of up to 10-5 errors/coefficient.



The spreading of bit errors in the image depends on the coefficients that are affected.
Figure 4 shows a matrix arrangement of our level four, wavelet decomposition. The
number of coefficients in each subdivision is approximately proportional to the area of the
subdivision. Because of interpolation, the errors in the higher numbered levels spread more
in the image, but errors at all levels also spread because of the filtering action of the
wavelets.
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Figure 4: Two Dimensional Arrangement of a Level four decomposition

We examined the effect of worst case errors at various levels as applied to AVIRIS data.
A wavelet transform was applied to the frame without compression. A most significant bit
(msb) error was applied to one of the coefficients and the values were inverse transformed
to produce the resultant frame.
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Figure 5: Error in msb of one approximation coefficient

Comparing Figure 3a with Figure 5 shows the effect of a single msb error in one of the
approximation coefficients. This is truly the worst possible single bit error, because the
approximation coefficients are differenced rowwise, thus allowing the error to propagate
across the remainder of the row. This effect could be ameliorated or even eliminated by
allowing more reference pixels per row or by eliminating differencing altogether in
applying the lossless backend compression algorithm. Some loss of compression would
accompany this however. The spread across bands shown in Figure 5 is caused by the



filtering action of the wavelet inverse transform combined with the effect of multiple
interpolation operations.

The degree of spreading of a single bit error depends on the length of the wavelet filter
coefficients. For the wavelet basis we used, an error in one of the level 1 coefficients
appeared to be confined to the nearest pixels in each direction in the image. The number of
pixels in each direction influenced by the error would approximately double for an error in
each succeeding level’s coefficients.

The probability of a random bit error occurring in a particular subdivision is proportional
to the size of the subdivision. From Figure 4 it is clear that the probability of an error
occurring in a coefficient in the level 4 approximation subdivision is about 1/4 that of its
occurring anywhere in level 4. The probability of an error anywhere in level 4 is about 1/4
that of an error in levels 3 or 4, etc. Therefore, the probability of an error occurring in one
of the approximation coefficients is about 1/256th that of an error occurring anywhere in
the coefficients.

TARGET/CLUTTER SEPARATION

In order to determine the effect of compression on target/clutter separation, we chose a
row that had been identified as containing a target as our target/clutter data. We used
nearby rows that were devoid of targets to define the background clutter data. We created
a 3D-scatter plot of the clutter data for three selected spectral bands. The axes of the error
ellipsoids were determined and compared with the axes for a 3D-scatter plot of the
target/clutter data. A small amount of rotation was present between the two scatter plots in
two of the eigendirections. The third direction appeared to be coincident between plots. By
identifying the scatter points contributed by the target, we found that most of the target
points lay outside the 3-sigma error ellipse defined by the clutter data. We also found that
all the target points lay within the error ellipse projected onto two of the three spectral
bands. The image was then compressed by about 50:1 and the resulting scatter plot was
again examined. We found very little difference between the compressed and
uncompressed eigendirections. Slight changes in the eigenvalues were observed. Most of
the target points remained outside of the error ellipse defined by the clutter. So, in this
instance, at least, it was possible to separate the target from the clutter after compressing
the image by about 50:1.

CONCLUSIONS

Our investigations described in the preceding sections led us to conclude that Rice/USES
was the best algorithm to use for lossless compression of hyperspectral data. Rice has been
adopted as a CCSDS standard. It is non-bursty, relatively, simple to produce in hardware,



and robust against bit error when packetized. With a compression ratio of somewhat
greater than 2:1, it can permit significant reduction in storage requirements, or, for the
same amount of storage, it can extend the time over target by a factor of two with no loss
in image quality. We have also created a modification of the Rice algorithm for use as a
lossless backend entropy coder for our lossy algorithm.

Our study of lossy compression techniques led us to choose a four level, Daubechies 5
basis, wavelet transform with a SPEC modified Rice entropy coder backend, as a lossy
algorithm that was ideally suited to compression of hyperspectral image data. With this
algorithm we were able to achieve almost 60:1 compression with less than 0.4% distortion
of AVIRIS Moffett Field data. This amount of compression would permit BPSK telemetry
of the data over a 5 MHz bandwidth channel.

We also made an extensive analysis of the effect of distortion on the data. This included a
comparison of the effects of compression distortion with those of noise. The effect of bit
errors, including worst case errors was also analyzed. In addition, data was used to show
that after compression it was still possible to discriminate targets from clutter.
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ABSTRACT

In this paper, orthogonal wavelets are employed to produce multiscale signaling. It is
shown that signaling using these functions is bandwidth efficient compared other
signaling schemes, including SFSK and GMSK. For signaling in Rician fast fading
channel, it is also shown that scaling functions is superior in term of achieving low level
of probability of error. Even for multiscale signaling, the level probability of error
achieved by using wavelet is lower than conventional flat-top signaling. The benefits are
largest for channels with small TBD , in which the degradation due to fading is most
severe.
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INTRODUCTION

There has been recent interest in digital signaling waveforms employing orthogonal
wavelet and scaling functions [1,2,3,4,5]. These functions can be used to send
information on several overlapping scales simultaneously. Because of the orthogonality
of the signals, time-overlapped signals are non-interfering at the output of an
appropriately designed matched filter in the absence of signal corruption. Furthermore,
transmission using these functions may be very spectrally efficient. However, because of
the multiple scales, an increase in inter-symbol interference (ISI) is unavoidable in the
Rician fast fading channel. This increase in ISI can increase in probability of error in
comparison to other signaling schemes. Given the desirability of bandwidth efficient
signaling, obtainable using wavelet type signaling, it is of intent to see how multiscale



transmission fares in the Rician fading channel. In a Rician fast fading channel with
Doppler bandwidth DB , it has been shown [6] that for BPSK, as the product

TBD increases (the Doppler bandwidth times the signal time), the probability of error
generally decreases. This trend is preserved for multiscale signaling. Interestingly, we
shall show that when the channel has small TBD , multiscale signaling with wavelet
functions having long support (and hence good spectral efficiency) has essentially the
same probability of error as conventional signaling.

This paper begins by establishing a compact notation for presenting multiscale signaling.
The spectral efficiency of the multiscale transmission using Daubechies' wavelet and
scaling functions is then presented. The model for the fading channel is presented and
followed by the derivation of expressions for the probability of error.

MULTISCALE TRANSMISSION AND FADING CHANNEL MODEL

There are two basic functions in the time-scale family of wavelets. They are the scaling
function )(⋅φ and the wavelet function )(⋅ψ . Let )2(2)( 2/

, ktt jj
kj −= φφ  and

)2(2)( 2/
, ktt jj
kj −= ψψ , by the multiresolution analysis [7], they have the following

orthogonalities:
,, ,,, lkmlkj δφφ =  ,0, ,, =mlkj ψφ    for ,lj ≥  and ,, ,,,, mkljmlkj δδψψ = (1)

where Ζ∈mlkj ,,, , where Ζ is the set of integers. In wavelet transmission, we use these
two basic functions to construct our digital signals. Let )()( 1

T
t

TT t φφ =  and
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T

t
TT t ψψ = . These scaled functions can be used to transmit one symbol of

information every T  seconds according to the baseband signal model
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i
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∈

φ
Z

, (2)

S  is the signal energy, C∈ia , and C is some real or complex signal constellation with bn2

signal points. T  is said to be the symbol time, the time interval between transmission of
adjacent symbols, even though the duration of the symbol is qT  seconds. Each scaling
function transmits a single symbol. By the shift orthogonality property, the outputs of a
matched filter provide sufficient information to detect the received signal independently
of any other symbols. By properties (1), a signal spanning the same space can be written
using basis functions T2φ  and T2ψ , each with independent data streams:

)2()2()( 2,2, iTtaiTtatg T
i

iTi −+−= ∑
∈

φψ φψ
Z

. (3)

The signal amplitudes ia ,ψ  and ia ,φ  are drawn from constellations containing bn2  signals.

The data rate of (3) is the same that of (2). The transmission using sN  scales can be
written as
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For the sake of the computations below, it will be convenient to introduce more compact
notation. Let
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represent the scaling function and the wavelets on the different scales, depending on the
value of σ . Throughout the paper, let ),min(' sNσσ =  and ),min(' sNss =  denote the actual
scale number and let TT '

' 2σ
σ = . The signal amplitudes on scale σ  at the thi  symbol be

indexed by multiples of '2σ , with
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It is also convenient to let qq σ
σ 2=  (the length of the support of the signal on scale σ ),

with 'σσ qq =  when 1+= sNσ . Using these notational conventions, the signal (4) can be
written as

∑ ∑+
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σ σσσ σ
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. (7)

It is interesting to examine the spectral efficiency of multiscale signaling. Due to the
multiresolution property of the scaling functions, it can be shown [4] that if the signal
constellation on each scale is the same, the power spectrum of the multiscale signal (7) is
the same as the power spectrum of the single-scale signal (2). The spectral efficiency of
the signal may be determined by means of the fractional out-of-band power (FOOBP),
defined by
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∫
∞

∞−

−
−=

dffG

dffG
B

B

B

)(

)(
1)(

2

2η , (8)

)( fG  is the power spectral density of the signal. Figure 1 illustrates the FOOBP for
transmission using scaling functions from the 4D , 6D , 8D  and 10D  families. Also shown,
for comparison, is the FOOBP for flat-topped pulse signaling, MSK, SFSK, and GMSK
with 36.0=h  [8]. For each waveform, 4-PSK signaling (2 bits/symbol) is used. Being a
continuous signal, the 4D  scaling function is more spectrally localized than the flat-
topped pulsed, but not as much as MSK. Scaling functions having more coefficients,
hence better regularity, have better localization. The 6D  scaling function has spectral
localization similar to that of MSK, 8D  and 10D  do better than MSK. The longer scaling
functions do as well as GMSK or SFSK or other spectrally efficient techniques. Even
longer scaling functions are possible, resulting in even better spectral localization. The
only performance penalty for longer signals is a slight increase in latency at the matched
filter, and the need for filters matched at every scale.

For the purposes of analysis through the fading channel, the signal of (7) is assumed to be
binary, 1, ±∈ibσ . The model for the fast fading Rician channel is [6],

)()()()( 0 tntststr rd ++= , where ]}2exp[)(2Re{)( tfjtgSts cd π= (9)



and )(tg  is given by (7). The signal )(ts r  is the fading component, given by
)]})((2exp[)()(Re{)( DDcDr ttffjttgtts −+−= πξ (10)

where Dt  is the delay of the fading component, Df  is the Doppler shift of the signal, and
)(tξ  is a complex, stationary, zero-mean Gaussian random process with autocorrelation

function
)()]()([)( *

2
1 τρτξξτ ξξ DttER =+= . (11)

D  a constant and )(tξρ is normalized so that 1)0( =ξρ . The baseband equivalent fading

component is
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The channel also introduces the AWGN baseband noise process )(0 tn with correlation
)()( 0 τδτ NRn = .

The baseband equivalent received signal is )()()()( 0 tntststr rd ++= .
The receiver uses filters matched to the signal on each scale and employs differential
detection. The receiver for scale s correlates the received signal with a signal )( kTtps − ---
the matched waveform starting at the thk  signal interval for Z'2 sk ∈ --- and integrates
over ])(,[ TqkkT s+ . The output of the matched filter on scale s  at the sample instant is

))(())(())(()())(( 1, TqknTqkrTqkckzTqkz sssssssss +++++=≡+ (13)

where sc is the direct signal part, sr is the fading signal part, and sn is the noise part. The
signal part can be written as
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The noise part of the output,
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, (15)

due to the unit-energy of the waveform )(tps . The fading component output of the
matched filter is

dttskTtpkfTqkr
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kT rssss
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For differential detection, the matched filter output at the previous sample interval is also
used, which is

))2(())2(())2(())2(( '''' TqknTqkrTqkcTqkz s
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ss
s

ss
s

s +−++−++−=+− (17)

PROBABILITY OF ERROR

Although the symbols at other scales and shifts are orthogonal to the symbol transmitted
at scale s , and interval k  transmitted in the direct portion of the received signal, the
random multiplicative factor and delay of the fading component )(tsr  makes it so that the
elements of )(tsr  are not necessarily orthogonal to signal at scale s or to each other. The
probability of error must account for this interference for each possible bit pattern in the



interfering signals and for each alignment of the matched filter relative to the other
scales.

Let ksÉ ,  be the set of bits on other scales that overlap with the signal on scale s  and

starting position k  and let )|( ,, ksks IeP  denote the probability of (bit) error for the thk

position symbol at scale s , given all the interfering bits. Note that it is necessary to
express the probability as a function of the symbol interval k , since amount of overlap of
the matched filter on scale s  with other symbols depends upon the position of the
matched filter relative to the symbols on the other scales. The conditioning on the bits
may be eliminated by
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where the sum is taken over all possible interfering bits. The probability of error for
symbols at scale s  is obtained by averaging the probability of errors over the different
matched filter alignments,
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Finally, the overall probability of error is a combination of the probabilities on each scale,
weighted by the fraction of bits in the overall transmission that are sent on each scale,
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Conditioned upon the interfering bits, the fading components of the matched filter
outputs are Gaussian and the vector
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is Gaussian with zero mean and covariance
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Assuming that )(0 tn  and )(tξ  are statistically independent, then
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where the correlation of the fading components is
]|)()([)|,;( ,

*
,,2

1
, ksmsnskss IkrkrEImnkr = . (25)

In the appendix, expressions for the correlation of the fading components are developed.

Let ks ,θ  be the difference in angle between )(1, kzs  and )(2, kzs . If the bits at interval k  and
sk 2−  are the same, then a correct decision is made if 2/2/ , πθπ <<− ks . The probability of

this event not occurring is [6]
)2/()2/()|( ,,,, ππ ksksksks FFIeP −−= , (26)



where ksF ,  is given below. If the bits at interval k  and sk 2− are of opposite sign, then a

correct decision is made if  2/32/ , πθπ << ks  and the probability of error is

)2/()2/()2/3()2/()|( ,,,,,, ππππ −−=−= ksksksksksks FFFFIeP . (27)

The function ksF ,  is defined by [9]
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For the binary differential signaling described in [6], substantial simplifications result in
these equations. However, for multiscale signaling, such simplification is not possible so
the results presented below are obtained by numerical integration of (28).

To compute ksF ,  it is necessary to know the correlation matrix )|(K ,s ksIk  which requires

knowing the correlations of the fading components. Expressions for the fading
components can be found in [10]. Due to the complexity of the expression for the
correlation of the fading component and the number of potential interfering bits ksI , , it is

not computationally feasible to compute the correlation for every possible interfering bit
pattern. An approximation is therefore made to the probability of error by averaging the
value of ksF ,  obtained over 500 randomly generated bit patterns. (We determined by

simulation that the probability of error calculated by averaging ksF ,  obtained from 500

and 10000 randomly generated bit patterns are basically the same.)

Plots of probability of error have been generated to demonstrate the performance of the
wavelets. In these plots, the correlation function is for a land-mobile fading channel,

)2()( 0 τπτξ DBDJR = . The particular case of 0=df , 0=Dt , and 10/ =DS dB is shown in the

probability of error plots. As a summary, there are four general observations. First, for
both small and large TBD , single scale wavelet signalings (signalings only with the
scaling functions) generally perform better than conventional (single-scale flat-topped
pulse, as reported in [6]) signal. Second, there is very little change in the probability of
error among single scale wavelet signals with different support. Third, the penalty for
using multiscale signaling, in term of increase in probability of error, reduces for using
wavelets with longer support. And fourth, the penalty from one scale to next diminishes
with the increases of the number of scales.



We observe from Figure 2 that the performance variation as the number of scales
increases the smallest for the 8D  signaling. Figure 3 illustrates the probability of error for

01.0=TBD  for conventional and wavelet signalings. In Figure 3(a), wavelet signalings are
with one scale. We can see that there is approximately a 1dB improvement of wavelets
over conventional signaling. There is very little change in the probability of error among

2D , 4D , 6D  and 8D . Figure 3(b) illustrates the probability of error for four scales of
multiscale signalings. From the plots, we can see that 4D , 6D  and 8D  perform just as well
as conventional signaling. However, there is a huge penalty for 2D due to the increase in
correlation among signals from different scales. Figure 4 illustrates the probability of
error for 2.0=TBD . The basic observation is the same for Figure 4(a) as for Figure 3(a). In
Figure 4(b), we can observe that the penalty is larger when 2.0=TBD  then that is when

01.0=TBD  for all the families of wavelet except for 2D . Actually, 2D  with four scales is
performing better in channels with 2.0=TBD  then in channel 01.0=TBD  while all other
wavelets are performing not as good. Figure 5 illustrates the probability of error for

5.0=TBD . We observe a diminishing increment of penalty as the number of scales
increases. In Figure 5(a), while 2D  with single scale has around 1 dB improvement over
conventional signaling through out the range shown, all signals with one scale for other
families of wavelets start out with a better performance when 0/ NEb is low and become
having not as good a performance then conventional signaling as 0/ NEb getting bigger.
The crossing begins at around 12/ 0 =NEb dB, first for 8D , then for 6D , and then for 4D  at
around 14/ 0 =NEb dB. The above order also shows the increasing performance through
different wavelet families. As for two scale signals, Figure 5(b) illustrates that there is a
penalty for all wavelet signalings. 2D is performing as conventional signaling, while all
other wavelets do not perform as well. 8D  being a wavelet having a longer support then

6D  suffers less performance penalty. When the number of scale increases to three, Figure
5(c) shows that as the increment of penalty is the highest, 2D  becomes the worst
performer. Now, the order of lower probability of error becomes conventional signaling,
follows by 8D , 4D , 6D , then 2D . As the increment of penalty diminishes, the plots of
probability of error for four scales signaling in Figure 5(d) is nearly the same as that in
Figure 5(c).

CONCLUSIONS

As this paper has demonstrated, wavelet signals can be used for bandwidth efficient
communication. Most of the benefits are obtained when single scale scaling functions are
used for transmission. We shown that the longer the support of the wavelet, the more
bandwidth efficient. For signals over the fast Rician fading channel, the performance
does not seem to depend significantly upon the type of wavelet used, with shorter
wavelets providing only slightly more improvement than longer wavelets. However, if



we are considering multiscale wavelet communication, there is no change in bandwidth
efficiency over single scale wavelet communication. But for the fading channel, there is a
penalty in terms of increasing probability of error for multiscale signaling. This penalty
decreases as we are using wavelets with longer support. At the same time, there is also
diminishes with the increment of the penalty when the number of scales is higher.
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Figure 1: Fractional out-of-band power (FOOBP) for QPSK, MSK, GMSK, and scaling
functions with 4,6,8, and 10 coefficients.

Figure 2: Illustration of probability of error penalty for multiscale wavelet signalings.



(a) Comparison of probability of error for con-
ventional signaling and single scale wavelet
signalings.

(b) Comparison of probability of error for
conventional and wavelet signalings with four
scales.

Figure 3: Probability of error comparisons for 01.0=TBD .

(a) Comparison of probability of error for con-
ventional signaling and single scale wavelet
signalings.

(b) Comparison of probability of error for
conventional and wavelet signalings with four
scales.

Figure 4: Probability of error comparisons for 2.0=TBD .



(a) Comparison of probability of error for con-
ventional signaling and single scale wavelet
signalings.

(b) Comparison of probability of error for
conventional and wavelet signalings with two
scales.

(c) Comparison of probability of error for con-
ventional and wavelet signalings with three
scales.

(d) Comparison of probability of error for
conventional and wavelet signalings with four
scales.

Figure 5: Probability of error comparisons for 5.0=TBD .
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ABSTRACT

In this paper, we extended the matched filter bound (MFB) of time-discrete multipath
Rayleigh fading channels derived in [1,2] for multiscale wavelet signaling
communication.
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INTRODUCTION

Even though the match filter bound (MFB) is an optimal lower performance bound that
may not be practically realizable, it is a common performance measurement for
communication systems [2,3]. There are reasons for saying MFB is an optimal
performance bound. First, we assume that all the information about the channel is known,
which is not feasible for a real fading channel. Second, transmitted pulses are separated
sufficiently so that no inter-symbol interference (ISI) occurs. In other words, the error
rate is determined by assuming only one data pulse is transmitted. In this paper, we
extend the result of MFB to multiscale signaling employing orthogonal wavelet and
scaling functions [4,5,6,7,8]. These functions can be used for multiscale signaling since
they are orthogonal with respect to dyadic (power of two) scaling and integer shifts.
Furthermore, due to the intrinsic time-frequency localization of wavelets and scaling
functions, transmission using these functions may be very spectrally efficient [9].



This paper begins by discussing the channel model we use and wavelet transmission.
Then we derive the MFB for multiscale wavelet pulse. Following that, we present MFB
for examples from Daubechies' wavelet families and compare with that of raised cosine.

CHANNEL MODEL AND WAVELET TRANSMISSION

In this section, we will first discuss wavelet signaling and then introduce the channel
model we use and the received signal after passing the channel model. The wavelet
family we want to study belongs to the time-scale family and can be constructed through
the theory of multiresolution analysis [10]. There are two basic functions that play
important roles in the time-scale family of wavelets. They are the scaling function )(⋅φ and
the wavelet function )(⋅ψ . Let )2(2)( 2/

, ktt jj
kj −= φφ  and )2(2)( 2/

, ktt jj
kj −= ψψ , then by the

properties of the multiresolution analysis, we are able to obtain
the following orthogonalities:

,, ,,, lkmlkj δφφ = (1)

,0, ,, =mlkj ψφ    for ,lj ≥ (2)

,, ,,,, mkljmlkj δδψψ = (3)

where mlkj ,,,  are integers. In wavelet transmission, we use these two basic functions to
construct our digital signals. Let

)()( 1
T

t
TT t φφ = , (4)

and
)()( 1

T
t

TT t ψψ = . (5)

By properties (1) to (3), we can overlap multiple functions to form multiscale signaling
pulses [9]. For example, a signaling waveform with one scale can be represented as

),()( tatg Tkφ= (6)
where }1,1{−∈ka . If a signaling waveform constructed with wavelet of two scales, it can
be

),()()( ,, tatatg TkTk ψφ ψφ += (7)

where }1,1{, −∈φka and }1,1{, −∈ψka . In general, for 1+sN  scales, we have
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For the sake of clarity, we want to introduce a more compact notation. Let
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we can have
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For the MFB analysis to be presented, only one wavelet function pulse is present on each
of the different scales.

A baseband equivalent Rayleigh fading channel consisting of p paths can be represented
as

,)()()(
1

∑
=

−=
p

i
iii ttztc τδα (12)

where )(tzi is a slowly time-varying, zero-mean, unit variance complex Gaussian random
process, iτ  is the delay of thi path, and iα  is the root-mean-square value of the magnitude
of thi path [2]. Assuming that )(tzi does not change within the duration of a single pulse,
we can write iz in place of )(tzi .

A baseband signaling pulse )(tg is sent through the channel (12) and corrupted by additive
white Gaussian noise. At the receiver, the received signal is
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i
iii tntgztr τα (13)

DERIVATION OF MATCHED FILTER BOUND

To determine the data sent with multiscale signaling pulse, we pass the received signal
(13) through a bank of matched filters. For each scale ζ , )(tr  is matched to

[ ]∑ −−= )(***
iiip tTpzh τα ζζζ , then the signal is sampled at ζTt = to give us the received

signal ζpr . In the above expression, ζT is the support of )(tpζ . Now, let us derive the error

rate )( ζeP for the data transmitted in scale ζ . The value of ζpr can be expressed as
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where ],[ 1 pzz ⋅⋅⋅= Z  and }{
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sNbbb[b , and the set of all possible b be B . We know that sN2=B .
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For 0<ζpE , with the same argument, we have
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Also, if 1−=ζb ,  we have
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So, the average bit error probability given b  can be found by averaging  ( )bζeP  over all

ζpE . That is
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We can eliminate the conditioning on b  by

∑
∈

=
BB b

bb ||

1
ζζ aveave PP (22)



Finally, as one bit is sent through each of the scales, the average error rate over the filter
bank is
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EXAMPLES

In this section, we would like to use the result from the previous section to derive the
MFBs of some multiscale wavelet signalings for some practical fading multipath models.
The channel models we will be using are typical urban (TU) and hilly-terrain (HT),
which are used as benchmarks in the Pan-European Digital Cellular (GSM) standard [2].
The wavelet functions we use are from Daubechies' wavelet families, in particular, we
use 4D , 6D  and 8D , where for nD , n  is the number of coefficients we used to generate the
wavelet functions [11]. These MFSs will be compared with traditional square-root raised
cosine signaling with excess bandwidth 35.0=β as specified by IS-54 [2]. The delay and
amplitude profiles of the 6-path Rayleigh fading channel models are listed in Table 1.
Two different symbol intervals, one for IS-54 and one for GSM, are studied.

For IS-54, the symbol interval we used is sµ40 . Figure 1 illustrates the MFB for TU
channel. From the plots, we can see that all MFBs are nearly the same with wavelet
signalings performing a little better than raised cosine. Among different wavelet
signalings, 4D  has the best MFB, while 8D  has a MFB which is the same as that of the
raised cosine. When we consider the effect of different number of signaling scales, we
see that the MFB for two scales of 4D  is similar to that of with one scale, while for 6D

and 8D , two scale signaling gives marginally better MFB over one scale signaling. Figure
2 illustrates the MFB for the HT channel. Again, we have MFB for single scale wavelet
signalings are similar to those of raised cosine. However, for all 4D  to 8D , two scale
signaling have MFBs inferior to that of single scale signaling.

For GSM, the symbol interval we used is sµ8.3 . As the symbol interval decreases, we can
see there is a general improvement in probability of error as we compare Figures 3 and 4
to Figures 1 and 2. Figure 3 illustrates the MFB for TU channel. We can see that for one
scale signaling, 4D  has a 2--3 dB gain over raised cosine. This gain decreases when
longer wavelet is used. However, as the MFBs for HT channel illustrated in Figure 4, all
single scale wavelet pulse performs the same as raised cosine. For both TU and HT
channels with GSM symbol interval, increasing the number of scale for wavelet pulse
from one to two worse the MFB.



CONCLUSIONS AND DISCUSSIONS

In this paper, we extended the matched filter bound (MFB) of time-discrete multipath
Rayleigh fading channels derived in [1,2] for multiscale wavelet signaling
communication. From the examples we presented in last section, we can see that for all
cases, single scale wavelet pulses have better MFBs compare to raised cosine.

However, we can also notice the shortcoming of applying MFB to evaluate digital
communication systems in fading channels. Due to the fundamental MFB assumption
that all the information about the channel is known, the MFB can be too good compare to
actual performance. As shown in last section, signaling with shorter symbol interval
performance better than signaling with longer symbol interval. The above finding does
not agree our common believe that a multipath channel become more frequency selective
as shorter symbol intervals are used, which can lead to a higher probability of error [12].

REFERENCES

[1] Mazo, J., “Exact Matched Filter Bound For Two-Bean Rayleigh Fading,” IEEE
Trans. Comm., vol. 39, Jul. 1991, pp.1027-1030.

[2] Ling, F., “Matched Filter-Bound for Time-Discrete Multipath Rayleigh Fading
Channels,” IEEE Trans. Comm., vol. 43, Feb/Mar/Apr. 1995, pp.710-713.

[3] Yip, K.-W., and Ng, T.-S., “Matched Filter Bound for Multipath Rician-Fading
Channels,” IEEE Trans. Comm., vol. 46, Apr. 1998, pp.441-445.

[4] Moon, T.K., “Wavelets and Orthogonal (lattice) spaces,” International Symposium
on Information Theory, 1995, p.250.

[5] Daneshgaran, F. and Mondin, M., “Bandwidth efficient modulation with wavelets,”
Electronics Letters, vol. 30, Jul. 21, 1994, pp.1200-1202.

[6] Livingston, J.N., and Tung C.-C., “Bandwidth efficient signaling using wavelets,”
IEEE Trans. Comm.,vol. 44, Dec. 1996, pp.1629-31.

[7] Lindsy, A.R., “Generalized orthogonally multiplexed communication via wavelet
packet bases,” PhD Dissertation, Ohio University, Athens, Ohio, Jun. 1995.

[8] Jones, W.W., “A unified approach to orthogonally multiplexed communication
using wavelet bases and digital filter banks,” PhD Dissertation, Ohio University,
Athens, Ohio, Aug. 1994.

[9] Lo, C., “Application of wavelet function approximations for bandwidth efficient
digital communication,” Master’s thesis, Utah State University, Logan, UT, Feb.
1998.

[10] Moon, T.K. and Lo, C., “Bandwidth Efficient Signaling Using Multiscale Wavelet
Functions and its Performance in a Rician Fast Fading Channel Employing
Differential Detection,” to be presented in ITC’99.



[11] Daubechies, I., Ten Lectures on Wavelets, SIAM, 1992.
[12] Sklar, B., “Rayleigh Fading Channels in Mobile Digital Communication Systems,

Part I: Characterization,” IEEE Commun. Mag., vol. 35, Sep. 1997, pp.136-146.

Table 1: Dealy and Amplitude Profile of GSM Channels[2].

TU model HT model
Path # Delay (:s ) Power Delay(:s ) Power

1 0.000 1.000 0.000 1.000
2 0.813 0.669 0.813 0.251
3 1.626 0.448 1.626 0.060
4 2.439 0.300 15.447 2.258
5 3.252 0.200 16.260 0.177
6 4.056 0.134 17.073 0.122



Figure 1: Typical urban with symbol interval 40 :s



Figure 2: Hilly-terrain with symbol interval 40 :s



Figure 3: Typical urban with symbol interval 3.8 :s



Figure 4: Hilly-terrain with symbol interval 3.8 :s
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ABSTRACT

An all-digital high data rate parallel receiver architecture developed jointly
by Goddard Space Flight Center and the Jet Propulsion Laboratory is pre-
sented. This receiver utilizes only a small number of high speed components
along with a majority of lower speed components operating in a parallel fre-
quency domain structure implementable in CMOS, and can process over 600
Mbps with numerous varieties of QPSK modulation, including those incorpo-
rating precise pulse shaping for bandwidth eÆcient modulation. Performance
results for this receiver for bandwidth eÆcient QPSK modulation schemes such
as square-root raised cosine pulse shaped QPSK and Feher's patented QPSK are
presented, demonstrating the great degree of exibility and high performance of
the receiver architecture.
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Bandwidth eÆcient modulation, Feher's quadrature phase shift keying, trellis-
coded modulation, frequency domain receiver

INTRODUCTION

Due to demands for rapidly increasing downlink data rates between space-
craft and ground stations, NASA has developed an all-digital variable data rate
receiver implemented on a single CMOS ASIC that is capable of processing data
rates in excess of 300 Megasymbols per second or 600 Megabits per second using
QPSK modulation. Developed jointly by Goddard Space Flight Center and the
Jet Propulsion Laboratory, the all-digital parallel receiver (APRX) uses patent



pending parallel processing algorithms to perform the functions of demodula-
tion to baseband, detection �ltering, and carrier and symbol timing recovery.
In order to process high data rates in relatively inexpensive CMOS, these par-
allel algorithms allow the demodulator to operate at a processing speed that is
one-fourth the data rate [1, 2]. The receiver was originally developed to demod-
ulate BPSK and many variations of QPSK, all with standard non-return-to-zero
(NRZ) rectangular pulses, but with a great degree of exibility designed into the
parallel algorithms and ASIC implementation in order to expand the receiver's
capabilities to the demodulation of more complicated or higher order modu-
lations such as M -ary phase shift keying (MPSK) and quadrature amplitude
modulation (QAM), incorporating any number of pulse shapes used for spectral
eÆciency.

This paper expands upon previous work by presenting APRX performance for
QPSK with spectrally eÆcient pulse shapes, speci�cally square-root raised co-
sine (SRRC) shaped QPSK and Feher's patented QPSK (FQPSK) modulation.
Compared to multilevel modulations such as MPSK and QAM, pulse-shaped
quadrature modulations achieve spectral containment while preserving a rel-
atively simple receiver structure, speci�cally in terms of the design of carrier
phase and symbol synchronization loops. On the other hand, pulse shaping
may introduce inter-symbol interference that results in performance losses un-
less some type of equalization is used, as is the case with the APRX. In this
paper, we present an overview of the APRX architecture, and explain how it
is used to demodulate SRRC shaped QPSK and FQPSK signals, followed by
software simulation results describing receiver performance in terms of bit error
probabilities.

APRX ARCHITECTURE OVERVIEW

Prior to entering the digital receiver, an intermediate stage downconverts the
RF data signal to an intermediate frequency (IF) appropriate for A/D conver-
sion. A bandpass �lter is used to reject noise and limit the data bandwidth to
prevent aliasing following A/D conversion. The �ltered analog signal is then
bandpass sampled at rate fs = 4W , where W is the transmitted data rate.
Note that fs = 4W is the Nyquist rate for bandpass sampling, and that the IF
frequency must satisfy f IFc = (2k + 1)W , for some integer k, in order to avoid
aliasing. The sampled IF signal is then digitally mixed with a copy of the IF
carrier, the double frequency terms produced by the mixing are rejected by a
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Figure 1: Frequency domain parallel receiver (APRX)

lowpass �lter, and the resulting baseband signal is match �ltered, yielding the
estimated symbol sequence that may be used by the channel decoder to make
bit decisions. By choosing to perform A/D conversion at bandpass rather than
at baseband, the carrier phase recovery loop is closed in the digital domain, in
keeping with our goal of producing a low cost, exible, all-digital implementa-
tion of receiver functions. The advantages of bandpass sampling over baseband
sampling for space applications are discussed in [3].

Matched Filtering

The APRX architecture is based upon implementation of the lowpass and
matched �lters in the frequency domain via the DFT. Once the noisy IF signal
has been �ltered and sampled to yield a digital signal with four samples per
symbol, the digital signal is split into 2M parallel paths, decimated by M , and
passed through a digital mixer bank equal in frequency and phase to that of the
sampled IF carrier. Adjustments to the carrier phase are provided by the carrier
phase tracking loop. The DFT of the 2M data points is then calculated and
multiplied by the DFT of the matched �lter. Lowpass �ltering in order to reject
double frequency terms from mixing is performed by zeroing out the middle M
components in the frequency domain, which correspond to the high frequency
terms. Finally, the inverse DFT is performed, and the middleM parallel outputs
are used for detection, tracking, etc. This process is repeated once everyM A/D



clock cycles. In this manner, the processing rate is reduced from fs to fs=M .
Note that the processing rate for this architecture is not limited by the minimum
sampling rate.

The APRX implementation is shown in Figure 1. We let M = 16, resulting
in 32 parallel signal paths and four symbols output per 16 A/D clock cycles.
The 16 points at the output of the IDFT are 16 samples of the convolution in-
tegral of the input sequence with the matched �lter impulse response function.
Among these 16 samples are four peaks that correspond to the matched �lter
outputs of four symbols. Figure 1 also shows implementation of symbol timing
correction, which is discussed later in this paper. There are a few other points
to note here. First of all, multiplication of two DFT sequences corresponds to
circular convolution in the time domain, and the inverse DFT of this product
contains aliased linear convolution values. By parallelizing the input sequence
into 32 paths, but decimating only by 16, an overlap is provided so that all of
the linear convolution values may be calculated by the overlap and save method.
Secondly, by lowpass �ltering in the frequency domain via zeroing of high fre-
quency components, we are limited by the resolution of the DFT. This does
not appear to pose a problem, however, and simulation indicates little or no
loss due to this implementation. Finally, we note that the frequency domain
matched �lter is designed by �rst designing a time-domain �lter matched to the
transmitted pulse shape and zero-padding it to length 32, followed by taking
the 32-point DFT of the resulting sequence. This yields a frequency domain
matched �lter whose coeÆcients are programmed into the detection �lter as the
Hi values shown in Figure 1.

Carrier Phase Tracking Loop

Carrier phase estimation and tracking is performed in the APRX in a stan-
dard fashion, using a Costas loop designed for QPSK signals [4], shown in Figure
2. The double lines represent parallel signal paths. At the output of the IDFT's,
only the four pins containing the peaks of the matched �lter operation on four
symbols are used for phase detection. The inphase and the quadrature com-
ponents of the parallel arm �lters are multiplied to give the phase error, which
may be accumulated and then �ltered with an IIR �lter. This is input to the
numerically controlled oscillator, which generates the phase reference used to
downconvert the IF signal to baseband (in parallel). The design and analysis
of the Costas loop, including speci�cation of loop �lter and bandwidth, update
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rate, etc., follows well developed methodology [4].

Symbol Timing Recovery Loop

In order to implement detection �ltering of the baseband signal, the data
symbol boundaries need to be known. In a serial digital receiver, an accurate
estimate of the symbol phase is needed to adjust the symbol clock so that the
matched �lter operation is performed on the samples that correspond to the
current symbol. For NRZ data, one method of deriving the symbol phase is to
use the data-transition tracking loop (DTTL) [4, 5]. In the DTTL, a symbol
timing error signal is estimated by summing across a symbol transition in order
to measure the deviation from zero. The resulting signal is used to control
the numerically controlled oscillator which clocks the sum and dump matched
�lter interval. There is an inherently �nite resolution to the digital DTTL when
implemented in this manner due to the fact that symbol phase errors can only
be corrected to the extent that samples may be included or excluded from the
current symbol, so there is a range of undetectable phase errors.

In the APRX, the peak outputs of the symbol integrators are found as spe-
ci�c pins in the block output of the inverse DFT block of Figure 1. One possible
implementation of the DTTL in the APRX would involve calculating the timing
error signal from these output pins and using the �ltered result to control a
commutator that closes the loop by deciding which output pins from the inverse
DFT correspond to the correct integrator values. A more natural implemen-
tation of the DTTL in the APRX follows from utilizing the frequency domain
structure. This implementation is shown in Figure 3. Noting that a time delay
corresponds to a phase shift in the frequency domain, we may correct the timing
by inserting phase correctors after performing the matched �ltering in the fre-
quency domain. This phase correction will have the e�ect of shifting the desired
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in-phase and midphase integrator values to a �xed set of selected pins at the
output of the inverse DFT. The frequency domain DTTL (FDTTL) is desirable
from an implementation standpoint because the required output lines from the
inverse DFT are �xed and a commutator routing switch is not needed. More
importantly, frequency domain phase correction allows us to e�ectively solve the
problem caused by A/D sampling o�set.

In a digital receiver for rectangular NRZ pulses, once there is perfect symbol
synchronization, an ideal matched �lter detects the kth rectangular pulse data
symbol by summing over the samples that are present within the boundaries of
the kth symbol. With �nite bandwidth causing a distortion in pulse shape, the
value of the time o�set of the �rst symbol sample with respect to the beginning
of the pulse will a�ect the amplitudes of the symbol samples, thereby a�ecting
the output symbol SNR when the samples are summed. The resulting variation
in output symbol SNR (and error probability) is more pronounced when there
are few samples per symbol. It has been found through simulation that changing
the sampling o�set from best case to worst case causes a loss of 0.8 to 1.0 dB
for rectangular NRZ pulses. This loss is even greater for spectrally-eÆcient
modulation schemes such as SRRC and FQPSK. Two possible remedies for
alleviating this loss have been suggested in the past. One is to synchronize the
sampling clock with the symbol clock so that the sampling o�set is made optimal.
This is extremely diÆcult and prohibitively expensive to accomplish with very
high data rates. In addition, it is not desirable to manipulate the ultra-stable



clock which is often needed for ranging applications. A second solution is to
use a weighted integrate-and-dump detection �lter in which the minimum mean
squared error criterion is used to derive coeÆcients for the detection �lter. This
equalization method leads a time varying detection �lter that changes with the
symbol phase output from the symbol synchronization loop.

The solution to dealing with the sampling o�set problem arises quite natu-
rally when the frequency domain architecture of the APRX is used. In Figure
3, the phase correction e2�kÆ=32 that is applied to each frequency domain com-
ponent k adjusts not only for the integer number of samples that the symbols
are delayed by, but also for the fractional number of samples, which corresponds
to the sampling o�set. In other words, multiplying the N -point discrete Fourier
transform of a sequence by e2�kÆ=N is equivalent to sampling a delayed version of
the continuous time signal. It is shown in [2] that this process drives the sym-
bol timing towards the best case sampling o�set situation for NRZ rectangular
pulse data. Simulation results indicate that the frequency domain DTTL in the
APRX is quite e�ective for SRRC and FQPSK pulses as well.

SIGNAL MODEL

The continuous time model of the received pulse-shaped QPSK signal is given
by

r(t) =
1X

n=�1
[anp(t� nTs) cos(!ct+ �) + bnp(t� nTs � Ts=2) sin(!ct+ �)] + n(t)

(1)
where fang and fbng are the in-phase and quadrature �1 data symbols, p(t)
is the transmitted pulse shape, Ts is the symbol duration, !c is the carrier
frequency, and � is the received carrier phase. The noise process n(t) is the usual
additive white Gaussian noise with two-sided power spectral density N0=2.

For SRRC pulses,
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The ideal transmitter-receiver �lter pair consists of two identical SRRC �l-
ters with in�nite order (in�nite time duration) [6]. In practice, the length of
the �lters must be truncated for implementation purposes. Truncation of the
transmit and receiver �lters causes energy loss and ISI distortion. In practice,
SRRC transmit �lters spanning many symbols in length are possible to imple-
ment with very small losses on the order of tenths of a decibel. For APRX
simulation purposes, a high order 32-tap SRRC transmit �lter with roll-o� fac-
tor of 0.5 whose impulse response spans eight symbols was used to �lter the data
at the transmitter. The frequency response of this �lter is illustrated in Figure
4. Due to the limitation on the implementable size of the frequency domain
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Figure 4: Spectrum of SRRC transmit �lter.

detection �lter in the APRX, the detection �lter is truncated to 16 taps, or four
symbols. After zero padding to length 32, the 32-point DFT is taken to obtain
the coeÆcients for the frequency domain detection �lter.

The FQPSK modulation format has been described in [7] and [8]. It is based
upon de�ning sixteen waveforms over the interval �Ts=2 � t � Ts=2 whose
occurrences in the in-phase and quadrature symbol sequences depend upon pre-
vious data transitions in both of the channels. The speci�cs of the symbol map-
pings are given in [9]. In [9], it was shown that FQPSK could be interpreted
as a form of trellis-coded modulation in which a 16-state trellis code takes two
binary inputs and outputs in-phase and quadrature waveforms from a set of
sixteen pulse shapes. Through this interpretation, it is clear that the maximum
likelihood receiver structure for FQPSK consists of a 16-state Viterbi equalizer.
The baseline APRX receiver structure, however, is memoryless, i. e., it performs
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symbol-by-symbol detection, resulting in some performance loss with respect to
optimal Viterbi detection.

In the simulations performed here, the transmitted FQPSK waveforms fsi(t) :
0 � i � 15g were modeled in discrete time with 64 samples per symbol duration.
The power spectral density of the baseband FQPSK signal is given in Figure 5.

PERFORMANCE RESULTS

The ideal receiver for SRRC-shaped pulses, using in�nite order SRRC trans-
mission and detection �lters, yields the same uncoded bit error probability
as rectangular OQPSK, Pb = Q(

q
2Eb=N0). Monte Carlo simulations were

conducted using Signal Processing Workstation (SPW) software to determine
APRX bit error rate performance. These oating point simulations were run
using the full functionality of the APRX, with carrier phase tracking and sym-
bol timing recovery as well as bit detection. Error-control coding is not used in
these simulations, as this function is not part of the current APRX design. As
shown in Figure 6, the truncated 16-tap detection �lter causes about 1.1 dB of
loss in performance compared to ideal reception. However, use of a simple linear
minimum mean squared error (LMMSE) 8-tap equalizer (spanning 8 symbols)
at the back end of the receiver (after symbol detection) brings the bit error rate
to within about 0.5 dB of ideal performance.

As mentioned earlier, performance analysis for FQPSK modulation can be
obtained in a straightforward manner through the trellis-coding interpretation.
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The maximum likelihood receiver structure is shown in Figure 7, utilizing a 16-
state Viterbi algorithm whose branch metrics are formed from correlations of
the in-phase and quadrature components of the received signal with each of the
waveforms fsi(t) : 0 � i � 15g (s8(t) through s15(t) are the negatives of s0(t)
through s7(t)).

In [9], it was shown that the minimum squared Euclidean distance between
pairs of paths in the FQPSK trellis is d2min = 1:552Ts. The average symbol
energy for the FQPSK constellation is �Es = 2 �Eb = 0:9946Ts. As the asymptotic

symbol error performance for the trellis code is Q
 s�

d2
min

2 �Eb

�
�Eb

N0

!
, and the bit error

rate is approximately half of the symbol error rate, the asymptotic bit error rate
for maximum likelihood detection of FQPSK is

Pb(FQPSK) � 1

2
Q

0
B@
vuut1:56 �Eb

N0

1
CA : (4)

This is 1.07 dB worse than ideal OQPSK performance.
Suboptimal symbol-by-symbol detection of FQPSK provides a much simpler

receiver structure than that shown in Figure 7. For example, the standard
integrate-and-dump detector optimal for OQPSK may be applied to FQPSK
with an appropriate delay. In the APRX, the detection �lter is improved by using
an \average" matched �lter obtained by experimentally averaging over various
combinations of FQPSK waveform sequences. This �lter is then implemented in
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Figure 7: Maximum likelihood receiver structure for FQPSK.

the frequency domain by zero-padding and taking the DFT as described earlier.
In Figure 8, bit error rate curves for various receiver structures are shown. The
ideal OQPSK curve is used as a baseline, and is shown along with the asymptotic
approximation for Viterbi decoding performance, as well as simulated bit error
rates for the Viterbi receiver, conventional OQPSK receiver, and APRX. From
this plot, we see that the simulated Viterbi decoding performance converges
with the theoretical asymptotic curve of equation (4), and is about 0.7 dB worse
than OQPSK in this SNR range. We also see that using the OQPSK symbol-
by-symbol integrate-and-dump detector for FQPSK results in an additional 1.7
dB or so of loss. On the other hand, the APRX with the empirical \average"
symbol-by-symbol matched �lter is within 1 dB away from maximum likelihood
performance.

CONCLUSIONS

The all-digital parallel receiver was developed to process very high data rates.
In such high data rate systems it is desirable, if not mandatory, to use bandwidth
eÆcient modulations. It has been demonstrated that the APRX shows great
exibility in terms of receivable modulation formats; in particular, it can be used
to demodulate SRRC pulse-shaped OQPSK and FQPSK modulation formats.

For a SRRC transmit �lter with roll-o� factor equal to 0.5, the best detection
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Figure 8: Bit error rate results for FQPSK

�lter that can be implemented in the current APRX design yields performance
with a little more than 1 dB loss over the ideal detection �lter. Most of this
loss is due to the ISI distortion introduced by using a sub-optimum detection
�lter. There are also small losses attributable to using a sub-optimum transmit
�lter, the processes of carrier and symbol synchronization, and �ltering with the
Butterworth anti-aliasing �lter prior to the A/D conversion. Many of these losses
can be recovered with a simple eight tap MMSE equalizer used to process the
baseband symbols after being demodulated by the APRX. With equalization,
the APRX has performance about 0.5 dB from theory.

The APRX also demonstrated very good performance when demodulating
the pseudo-constant envelope FQPSK modulation. The APRX su�ered only
1.0 dB loss in bit-error-rate over the ideal maximum likelihood decoder, and
performed about 1.0 dB better than the traditional integrate and dump detection
�lter. These results demonstrate that the APRX is a very exible and high
performance receiver capable of processing a wide variety of controlled pulse-
shaped waveforms used for bandwidth eÆciency.
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ABSTRACT

The loss of radio frequency (RF) spectrum for use in testing has steadily increased the
likelihood that users of the few remaining frequencies available to test ranges will
experience scheduling conflicts and interference with nontest users. A gradual increase in
the base of test customers engaged in scientific, military, and commercial R&D, point
toward a near term situation in which more test customers will be competing for fewer
frequencies. The test ranges, often operating in close geographical proximity with other
communications-intensive functions as well as with each other, will also encounter
increasing out-of-band and adjacent-channel interference. This projected growth of R&D-
related testing constrained to operate in a diminished RF spectrum (and a more confined
test space), will undoubtedly stimulate the development of new products that make more
efficient use of the RF spectrum. This paper describes one such innovative approach to
spectrum sharing. The authors assess the operational need for an affordable miniaturized
avionics instrument package based on a C-band radar transponder integrated with a
Global Positioning System/Inertial Measurement Unit (GPS/IMU). The proposed
approach would make use of frequencies already allocated for use by existing C-band
aeronautical transponders. It would augment the format of the transponder output data to
include the vehicle position obtained from an onboard GPS/IMU. Existing range
instrumentation radars, such as the venerable AN/FPS-16, could be modified with low-
cost upgrade kits to provide uniformly higher accuracy over the entire transponder
coverage range.
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INTRODUCTION

This paper proposes an innovative approach to spectrum sharing by integrating an
airborne Global Positioning System/Inertial Measurement Unit (GPS/IMU) with a G-
band (5400 to 5900 MHz, formerly C-band) transponder to downlink time-space-
position-information (TSPI) via an AN/FPS-16 instrumentation radar. This approach is
an improvement over current telemetry links and the RAJPO data link for downlinking
TSPI because the inherent long-range advantage of the radar. Our goal is to demonstrate
continuous 15 meters or better position accuracy over the entire flight envelope out to
slant ranges of 1,000 km or more. The outcome of this demonstration will determine the
feasibility of a novel approach for improving safety coverage for wide-area flight testing.
With integrated GPS/IMU transponder approach, the TSPI data from the vehicle would
degrade gracefully. This approach would lead to a significant improvement in range
safety using existing range assets.

A brief comparison between our approach and the GPS-Squitter approach will be
discussed.

OPERATIONAL PHILOSOPHY

The primary requirement driver is the need for improved range safety systems to support
flight test of future manned and unmanned air/space vehicles. Test of this type are
characterized as follows:

• The systems under test operate at very high altitudes and speeds in the Mach 5-10
region.

• The vast operating spaces required for conducting open-air flight test drive the
need for radars capable of tracking the systems under test at very long ranges.

• The systems under test perform high-dynamic maneuvers.
• These factors drive the need for high update rates for measurement systems such as

tracking radars.

This project will perform advanced test technology development directed at satisfying a
test and evaluation requirement for safe testing of future manned and unmanned
aerospace vehicles. These include endo- and exo-atmospheric aerospace vehicles (such as
the X-33, X-34, X-38, and future X-Vehicle) and surface to air missiles for theater
missile defense (such as PAC-3, THAAD, and Navy Lower and Upper Tier). Flight
termination decisions are based on TSPI obtained from multiple acquisition systems. The



primary TSPI source could be a GPS receiver on board the vehicle. The GPS receiver
data could be downlinked from the vehicle to the ground stations via (either or both)
telemetry and radar transponder links. For the scenarios we are considering, the radar link
is the primary source and telemetry is secondary. The GPS receiver data could be
imbedded in the telemetry stream (this has already been demonstrated), and it could also
be modulated onto the radar transponder output signal (this has yet to be demonstrated).
The TSPI from the onboard GPS receiver would provide 15-meter or better positional
accuracy over the entire flight envelope. This would satisfy the range safety requirement
for high-quality TSPI from the vehicle in real time via two independent paths. When test
instrumentation fails to go according to plan, the radar data will degrade more gracefully
than the telemetry data. If the GPS receiver drops lock on the satellite constellation, the
accuracy of the GPS/IMU will degrade slowly allowing time for reacquisition. Also the
radar can continue to track the vehicle using the transponder return without the position
data from the GPS/IMU. If the transponder fails to respond then the radar can still skin-
track the vehicle.

Operation of the integrated radar/GPS system will not vary greatly from standalone radar
operation. During the acquisition phase for an orbiting vehicle, there is usually vehicle
position data available from another source in the tracking network, either radar or GPS.
If this is not the case, a manual acquisition can usually be made using orbital parameters
generated by the local-site computer.

Upon radar acquisition of the vehicle transponder, raw stand-alone GPS vehicle-position
data will be available to the ground station in (WGS) earth-centered coordinates. GPS
vehicle position data is always processed in the WGS coordinate system to present a
consistent system to all users. If corrections are available from a local differential GPS
ground station in the same frame of reference, these can be summed with the raw data to
enhance GPS position accuracy both at the ground-tracking site and in the airborne
vehicle. Several scenarios exist as to how these signals are used. Since the transponder
provides a two-way link to the ground, with the proper choice of GPS data and
differential signals on the link, it is obvious that the summing of signals could take place
either on the ground or in the vehicle. Both methods have been used. However
accomplished, the end result is at least a three-fold improvement in vehicle position
accuracy.

An active track requires interrogation of the transponder on the airborne vehicle by the
local-site radar transmitter, and that the transponder reply, with embedded GPS data, be
received by the local-site receiver. Valid GPS data can be received with either an active
or a passive radar track. Passive tracking is not a normal acquisition mode, but can be
used when no other form of acquisition data is available. During a passive track, the
local-site transmitter does not interrogate the transponder. Replies are received from
interrogation of the transponder by a ‘host’ radar. In this mode of operation, a full radar



lock can be maintained on the host radar’s transponder reply pulse or ‘rabbit.’ This will
provide valid angles, but the range data will not be valid. With a valid angle track, WGS
vehicle position data imbedded in the transponder reply will provide valid vehicle
position, even though the reply was initiated by another radar. When these WGS
coordinates are converted to local site range, azimuth and elevation, the range can be
used to supplement the azimuth and elevation track already acquired to return to a full
automatic radar track. Either type of track requires a line-of-sight view between the
radars and the vehicle. In the passive mode, after WGS vehicle position data has been
translated to local site coordinates, valid local site range data will be available to help the
radar reacquire and return to the active tracking mode.

When tracking in the active mode, after conversion to local site coordinates, GPS data
can provide long-term corrections to the radar data that will compensate for short-term
signal fade caused by aircraft maneuvering, multipath, and other causes. Whether GPS
coordinates can be processed expediently to act as aiding signals to the radar tracking
loop will require further study of signal processing technique.

TECHNICAL APPROACH

Our proposed system is illustrated in Figure 1. It consists of two segments. They are the
airborne segment and the ground segment. The airborne segment consists of a GPS
receiver, a G-band transponder, and a decoder/encoder module to interface the GPS
receiver with the transponder. The ground segment will include a single object tracking
radar, and a modified kit.

The key to the development of the airborne segment will be the design of a radar
transponder with an integral GPS receiver. The transponder will function as a two-way
data link for uplink GPS request messages and downlink GPS vehicle position data. The
transponder must be capable of receiving the radar interrogation and an encoded GPS
request message. After decoding, this message will enable the encoder and initiate the
transfer of GPS position data through the encoder to the transponder transmitter for
transmission to the ground radar receivers. All timing and synchronization of the received
and transmitted codes must be accomplished within the transponder.

The GPS/IMU system for the airborne set is currently in development under an Air Force
Small Business Innovative Research Phase II contract with Waddan Systems, Torrance,
California. Waddan’s task for Phase II is to develop and demonstrate a prototype
modular, affordable, embedded GPS/IMU TSPI capability for support aircraft. The
system design combines a commercial 12-channel GPS receiver with a miniaturized IMU
developed by Waddan using micro-electro-mechanical system technology. By executing
a preplanned contract option the chip-set can be interfaced to a commercial transponder
unit.
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Figure 1: Integrated GPS Transponder System

Combining on-board IMU and GPS data will always result in improved vehicle position
data. IMU provides good short-term data during periods of interrupted GPS reception,
while GPS provides IMU with good long-term references to compensate for IMU long-
term drift. Most of the remaining GPS error is the result of atmospheric and tropospheric
effects on the RF transmission from the GPS satellite constellation. This error is
cancelled in the differential GPS mode when differential corrections are summed with
raw GPS data. During the takeoff and landing phases of a mission, an AN/FPS-16 radar
is more accurate than differential GPS out to 27 km, unless multipath is a problem for the
radar. Then GPS will be more accurate.

A conformal antenna system for G-band radar has been available since the X-15 program.
A similar antenna for GPS will no doubt be available soon. Both these developments are
recommended for use by exo-atmospheric vehicles.

For the ground segment, a modified kit will synchronize the radar interrogation pulses
and GPS request message to the radar pretrigger. This unit will provide the coding and
generate the radar transmitter triggers for both functions. It will also extract the GPS
message and present it as GPS position data for range use. Modification to the basic FPS-
16 system will be 90 percent wiring additions. Designs for integration of GPS with other
radars will have to be on a case by case basis, but no insurmountable problems are
anticipated.
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Vehicle tracking systems, in their present form, use a combination of autonomous
systems externally linked together to provide real-time vehicle position. These systems
consist primarily of radar, telemetry, GPS, and optics (visual, infrared, and laser). The
approach described in this section will attempt to integrate GPS and radar. This will
eliminate the requirement for other forms of vehicle position-determining systems.

The radar GPS integration will provide for both the two-way links required by GPS for
differential operation and for the normal functions of the radar system. This approach will
provide an alternative for using telemetry to receive downlink GPS vehicle position and a
separate data link channel to transmit uplink GPS differential correction signals.
Economic savings will result not only from the elimination of system hardware, but also
from the cost of transporting and manning the additional systems at remote sites.

The venerable FPS-16 is an old-style, high-power radar that provides a highly precision
track out to long ranges. But these systems date back to the Apollo program and are
becoming costly to operate and maintain. As a result, several modification kits have been
developed to upgrade them. One vendor quoted a budgetary estimate for updating an
AN/FPS-16 to an RIR-716 at 4 to 5 million dollars; not a small investment. This
modification replaces almost everything but the pedestal. A sensitivity increase to –120
dBm, from -106 dBm for the original AN/FPS-16, is obtained through the use of a 16-
foot reflector, in place of the original 12-foot dish, and a 5-microsecond transmitter pulse
width, as opposed to 0.8 microsecond. This is an increase of 14 dB over the original FPS-
16 specification. The pay-off is quadruple range capability.

If radar and GPS are integrated, the vehicle must carry a transponder. A 400-watt
transponder will add 43 dB to the return signal from the vehicle; this will obviate the
need for the old high-powered skin-tracking radar. Any new radar systems built in the
future, if they make use of a GPS beacon for tracking, would not have to be as powerful
or as precise mechanically as the current single object tracking radars. This would cut
their life-cycle cost considerably.

Table 1 illustrates the tracking range to be expected from an original FPS-16 radar with
improved receiver sensitivity (-113 dBm as opposed to –106 dBm originally). For
installation in small vehicles, the primary power requirement and transponder weight
become limiting factors to transponder RF power output, which limits the tracking range.
In this case, 400 watt has been arbitrarily chosen as a common level used by exo-
atmospheric vehicles.

The transponder sensitivity most commonly provided by the vendor for radar tracking is
–70 dBm, which is not adequate to meet the 2,000-km tracking range requirement as
shown in Table 1. However, as determined from a conversation with the transponder
vendor, the sensitivity can be increased to –80 dBm at the request of the customer. This



would make the uplink and downlink margins nearly equal and provide a track to nearly
double the required range.

Table 1.  RF Budgets for FPS-16 / C Band Transponder, Range 2,000 km,
               Frequency 5,600 MHz

Uplink Downlink
Transponder sensitivity -80 dBm FPS-16 radar sensitivity -113 dBm
Tx pwr, ERP 90 dBm Tx pwr, ERP (400 W) 56 dBm
Gain, Tx ant 43.0 dB Gain, Tx ant 0 dB
Lsp, 2,000 Km -173.4 dB Lsp, 2,000 Km -173.4dB
Gain, Rx ant 0 dB Gain, Rx ant 43.0dB
L line -1.5dB L line -0.5dB
Fade -20dB Fade -20 dB
BER -13dB BER -13dB

Radar RF margin 6.6 dB Xponder RF margin 5.6 dB

For single-object tracking radar (SOTR) with beacon tracking capability, we have the
following specifications: azimuth and elevation drive accuracy is ±0.0056 degree, and
range accuracy is ±2 m. From these specifications, the predicted accuracy for SOTR
using beacon tracking at 1000 km is about ±100 m. With GPS receiver using C/A code at
1000 km, the predicted accuracy is about ±40 m. For GPS receiver using P code the
predicted accuracy reduces to ±3 m. Figure 2 illustrates the accuracy of SOTR with and
without GPS augmentation. Optionally, if an integrated GPS transponder has an uplink to
receive differential corrections for GPS data from ground stations, then differential GPS
(DGPS) can be used. With DGPS, the predicted accuracy reduces to ±4 m for C/A code.

Figure 2:  Accuracy Comparison of Beacon Tracking 
SOTR with C/A Code and P Code GPS Receiver.
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COMPARISON TO GPS-SQUITTER APPROACH

The Federal Aviation Administration (FAA) proposes to use GPS-Squitter technology in
its future ‘free flight’ Air Traffic Control concept. Squitter is the random firing,
intentional or otherwise, of a transponder transmitter in the absence of interrogation.
There are several differences between GPS-Squitter and our approach. GPS-Squitter
randomly broadcasts GPS data without receiving any interrogation, but our project
requires an integrated GPS/IMU transponder, which transmits GPS data only when it
receives interrogation pulses from a SOTR. The GPS-Squitter integrates only GPS data
with Mode S transponders, while our approach integrates IMU and GPS data with G-
band beacon transponders. With IMU, our approach will provide good short-term data
during periods of interrupted GPS reception. Also with frequency differences between
Mode S (at 1,090 MHz) and G-band (5,400 to 5,900 MHz) transponders, ranges which
have G-band single- object-tracking radars can’t use GPS Squitter without significant
costs in investments for new ground stations, communication links, additional radio
frequency allocations, and mission support personnel. In addition, the GPS-Squitter
system has a maximum range of 185 km. In contrast, our approach requires a maximum
range of 1,000 km or more. Also, GPS-Squitter sends pressure altitude, while our
approach sends GPS altitude. For range safety, GPS altitude is preferred over pressure
altitude.

ASSESSMENT OF COSTS

Table 2 shows the types and quantities of SOTRs currently in use at various government
agencies. For this assessment, we assumed that all FPS-16s and MPS-36s would be
modified. MPS-36s are mobile FPS-16s.

This project will attempt to develop and demonstrate a working prototype capability for a
cost of about $500,000. This proof of concept will be funded as a DoD R&D project.
Based on the data in Table 1, we estimated the number of units to be produced as follows:
The number of ground units was assumed to be 33, and the number of airborne units was
assumed to be 66. We estimate the cost to go from a working prototype to production
units at about $500,000 for a ground unit and $500,000 for an airborne unit. We assumed
this non-recurring engineering (NRE) cost would be amortized over the total number of
units produced. Also, the vender profit was assumed to be 15 percent.

Estimate cost to produce one ground unit is $25,000.

Procurement cost to government customer for one ground unit is
$25K + ($500K / 33) + (0.15 x $25K) ≅ $44K

Estimated cost to produce one airborne unit is $10,000.



Procurement cost to government customer for one airborne unit is
$10K + ($500K / 66) + (0.15 x $10K) ≅ $19K

Table 2:   Population of Single-Object Tracking Radar.

Type of RadarAgencies

FPS-
16

MPS
-25

MPS
-36

RIR-
716

TPQ
-18

TPQ
-39Z

FPQ
-6

FPQ
-14

FPQ
-15

Total

Army, White Sands
Missile Range

10 1 5 0 0 0 0 0 0 16

Navy, Pt. Mugu 5 0 0 0 0 0 0 0 0 5

Air Force, Eglin
AFB

4 0 0 0 0 0 0 0 0 4

Air Force, Edwards
AFB

1 0 0 0 0 0 0 0 0 1

Army, Kwajalein
Missile Range

0 0 2 0 0 0 0 0 0 2

Air Force, Hill
AFB

0 0 1 0 0 1 0 0 0 2

NASA, Dryden
Flight Research
Center

0 0 2 2 0 0 0 0 0 4

Air Force,
Vandenberg AFB

1 0 1 0 1 1 1 1 0 6

Air Force, Patrick
AFB

1 0 0 0 1 0 0 3 1 6

Total 22 1 11 2 2 2 1 4 1 46

FINDINGS AND RECOMMENDATIONS

Integrating radar and GPS is both technically and economically feasible. There is no
requirement for the development of new and untested technology; only new application
of tried and proven technologies is necessary. This project will produce positive benefits.
It will improve range safety, improve system accuracy and reduce equipment and
operational costs. Some existing equipment will no longer be required and the number of
operational personnel will be reduced. Most sites will require no major new assets for
transition to the integrated GPS radar system. Also, by improving position accuracy for
both terrestrial and orbital tracking at extended ranges, it is applicable to the testing of
future aerospace vehicles.



We anticipate our project will be widely applicable to test and evaluation of unmanned
combat air vehicle, unmanned reconnaissance vehicle, manned air/space craft, tactical
missile, and theater missile defense.

Based on our findings, we have the following recommendations:
• Develop a prototype system and assess its capability to reduce risk associated with

production.
• Explore low cost solutions to leverage mass market commercial solutions.
• A follow-on project should investigate the GPS-Squitter technology for future

range applications.
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ABSTRACT

Recent years have seen a sharp rise in the size of satellite constellations. The monitoring
and analysis tools in use today, however, were developed for smaller constellations and
are ill-equipped to handle the increased volume of telemetry data. A new technology that
can accommodate vast quantities of data is 3-D visualization. Data is abstracted to show
the degree to which it deviates from normal, allowing an analyst to absorb the status of
thousands of parameters in a single glance. Trend alarms notify the user of dangerous
trends before data exceeds normal limits. Used appropriately, 3-D visualization can
extend the life of a satellite by ten to twenty percent.

KEYWORDS

Real-time data visualization; 3-D monitoring and analysis; centralized display of
telemetry data; limit and trend alarms.

INTRODUCTION

During the last 30 years, the satellite industry has grown tremendously. To keep pace
with that growth, satellite operators have made significant improvements to their ground
systems monitoring and communications systems. If current trends continue, they will
need even more efficient and cost-effective ways to monitor and control their
constellations. One technology innovation that allows them to be more successful is 3-D
monitoring and data visualization.



SATELLITE OPERATORS ADAPT TO CHANGES IN THE INDUSTRY

In the 1970s, satellite operators only monitored and controlled one or two satellites. To
control their spacecraft, they used primary and backup Telemetry Tracking and
Command (TT&C) facilities, which required around the clock operational support.
Operations personnel used a combination of ASCII text-based displays and manually
created command lists to perform everyday monitoring and control tasks, and they used
manually generated graphs to analyze key telemetry parameters. At the time, these tools
were all that were available to the satellite community. While sufficient for operating one
or two satellites, they required large operations teams, and they proved inadequate when
operators began launching additional satellites — a change that compelled teams to
monitor and control larger fleets of spacecraft. The fact that the new satellites were more
complex and presented larger quantities of data only exacerbated the problem.

The 1980s and 1990s saw continued growth in constellation size as a result of heightened
worldwide demand for communications technology and consolidation of assets due to
corporate mergers. This second development added to the workload of controllers
because after a merger, the task of monitoring all of the resources previously owned by
two entities typically falls upon a relatively small number of controllers in the new
company. Two additional factors also helped drive up the number and size of satellite
constellations: the increasing need for communications in the Pacific Rim, and the
formation of LEO-based organizations such as Globalstar and Iridium. A LEO (low Earth
orbit) satellite has a smaller coverage than other types of satellites, requiring more
satellites to provide continuous worldwide coverage.

In response to new demands from commercial applications, satellite manufacturers and
operators have continued to upgrade their hardware, developing more powerful
transponders, larger buses, and more complex payloads, and adding telemetry points.
They have also replaced customary paper strip charts with virtual strip charts (time-series
graphs that were available on a workstation monitoring system). In the early 1980s,
companies began to write custom programs for monitoring and analyzing satellite data.
They added elaborate tabular displays and created more sophisticated methods of
reporting and retrieving anomalous data. Even with the use of software toolkits,
implementing these types of enhancements allows an operator to monitor no more than
six satellites, and four or more computer workstations are typically required to support
the increased load. Furthermore, because the custom software is designed on a satellite-
by-satellite basis, it requires a significant investment of programming resources.

Constellation size has continued to increase in the late 1990s. It is not uncommon for
companies to fly 14 or 15 satellites, and the LEO constellations of Iridium and Globalstar
contain 66 and 48 satellites, respectively. In addition, some large operators are preparing
to include GEOs, LEOs, and MEOs in their constellations. The new MEO (medium Earth



orbit) satellites are expected to be launched in the next few years. They will be positioned
9,000 to 20,000 kilometers above the Earth, and will be used for worldwide broadband
services, including Internet, e-mail, and video conferencing. Industry futurists are even
predicting swarms of satellites containing thousands of individual craft for monitoring
and remote sensing. Non-homogeneous constellations will require the satellite operator to
address the unique monitoring and control requirements for each type of satellite in its
fleet.

The growth in satellite numbers has brought about a predictable increase in workload.
Operators have addressed their staffing shortages by hiring more analysts and controllers
or by requiring their existing staff to monitor more satellites. Not surprisingly, the cost of
personnel has become one of the largest ongoing investments in the satellite industry.

Given that constellations are increasing in both size and complexity, the task of
monitoring telemetry and responding to anomalous conditions now presents a greater
challenge to operators than ever before. And as more and more commercial activities
move to satellites, time is of the essence in detecting and fixing operational problems.

TRADITIONAL MONITORING TECHNIQUES FALL SHORT

When an operator is responsible for a large number of potentially diverse satellites, the
once-acceptable traditional monitoring and analysis tools become inadequate and
inefficient. The most problematic areas relate to data access and presentation, and stem
from the fact that a single analyst is only capable of absorbing a finite quantity of data.

Many monitoring systems use sophisticated display hierarchies that reflect the inherent
hierarchy of the satellite itself, organizing data by subsystems and then further
subdividing it along components within the subsystem. When an alarm in a subsystem is
triggered, the color of the icon (or label) that represents the subsystem in the graphical
user interface changes from green to red. Clicking the icon reveals more icons, at least
one of which will also be red. Continuing to click the red icons eventually leads to the
out-of-limit data point. This drilling, or “tunneling,” wastes valuable time and prevents
the analyst from reacting to critical problems at the moment they arise.

Standard methods of monitoring VSAT networks illustrate this point. VSAT networks
provide point-to-point communications for such services as ATM transactions, credit
card verification, and other voice and data communications. These networks are
expanding worldwide, especially in South America and Asia. A VSAT network may
include as many as 200 to 300 VSAT terminals, thus operators have to monitor a very
large amount of data. Typically, the main control center for a VSAT network is
connected to all of its terminals via a network, dial-up line, or satellite. The control center
uses graphical icons to represent the hardware flow at each terminal. At scheduled



intervals, the terminals are queried for status. If a fault is detected, the icon for the
affected terminal turns red. When this occurs, the operator has to select the display for
that terminal, select the faulty device, and then drill down within the device to find the
problem. The potential delays inherent in this process can make it difficult to fix
problems before they become serious.

Another cause of delays with early satellites (and even some newer ones) is “noise” in the
data. This can be caused by telemetry locking and unlocking, which sometimes occurs
during commanding or ranging operations, or by problems with ground station
equipment. Floating data points that are not tied to zero also trigger false alarms.
Operations personnel typically address the false alarms by requiring that a data point is
out of limits (or in limits) for three sequential frames of data. This can cause delays of six
to ten seconds, depending on when the system recognizes and processes the frame
synchronization. During this time, the controller is not able to react to critical data points
that are out of limits (or in limits) because the monitoring system is still verifying the
validity of the data, and therefore has not notified the controller of the alarm.

It is also difficult to consolidate data with traditional monitoring techniques. Operators
that manage remote facilities have limited ability to gather and view all of the data from
their facilities, and they have no means of monitoring their critical data on one
centralized display. As a result, operators are unable to get a clear overview of their
satellite constellation, ground stations, and communications network.

Furthermore, in some standard monitoring systems, the set of graphs or tabular displays
that an analyst can view when traversing a hierarchy is pre-defined by the software.
Unless the software is modified, the analyst cannot invoke a subset of those displays, nor
can he open displays that are usually viewed in other contexts. The programming
required to make these changes often takes days or months to complete. Consequently,
this type of system is costly to develop and even more costly to maintain and support.

Finally, most monitoring systems aren’t able to telemeter data to an analyst off site. If a
key analyst happens to be off site when a data point goes into alarm, the operator has
limited choices. One option is to contact the analyst by phone and describe the problem.
In this case, the analyst has to make a decision based on experience and gut feeling rather
than on the actual data. The other option, and one that is frequently employed when a
company is performing a critical operation such as an eclipse, is to bring the analyst in
from home during off hours so that he is present when the eclipse occurs. This alternative
allows the analyst to view the actual data in real time, but it is costly in terms of work
force.

The limitations of traditional monitoring and analysis techniques are not insurmountable,
provided the analyst has sufficient experience with the satellites he is monitoring and has



developed workarounds to deal with the shortcomings of his monitoring tool. Such
“experience workarounds” can be sufficient when the operator is only monitoring a few
satellites. However, these limitations are a serious impediment for any operator that
wants to expand its constellation without adding staff or increasing risk.

3-D VISUALIZATION AND ANALYSIS: A NEW APPROACH

All of the problems described thus far can be solved with a new type of technology called
visual data monitoring. This type of system consolidates massive amounts of real-time
data and presents it in a unified 3-D grid that can comfortably display 10,000 or more
data parameters at one time (see Figure 1). Different geometric shapes are used to
represent the various types of parameters displayed in the grid (numeric, static, and so
on), and the parameters are normalized so that highly multivariate data can be collected
in a meaningful way on one display. Visual data monitoring then highlights the degree to
which actual performance varies from expected behavior.

Figure 1



When a data point goes into alarm, a geometric object rises on a “tower” above the grid
to a height that is proportional to the degree to which it deviates from normal. The
tower’s color also changes to reflect the severity of the alarm. With these visual cues, a
quick glance at the grid is all that’s needed to alert an analyst to potential problems. By
reducing the results of many graphs to a single overview, visual monitoring allows an
analyst to absorb up to a thousand times more data than other monitoring techniques.
Furthermore, because the interface is so intuitive, users can become adept at interacting
with it very quickly — a half day of training is usually all that’s needed.

An analyst can configure an alarm for a parameter either when the data point is out of
expected ranges (a limit alarm) or when it exhibits unexpected trends, such as
unacceptable rate-of-change or continuous increment or decrement (a trend alarm). In
addition, an analyst can set an alarm on a “derived” parameter, applying either
conventional limits or trend alarms to algorithmic (or logical) combinations of data.
Derived parameters and the degree to which they deviate from desired/expected behavior
also appear on the grid, along with the actual data.

ANALYSTS CAN REACT TO PROBLEMS QUICKLY

An analyst can access all of the information about a data point that’s in alarm by simply
clicking its tower, rather than by drilling down through a hierarchy of tables and plots
(see Figure 2). The twenty to thirty seconds that an analyst saves in this manner can be
critical in some situations, and the ability to instantly display detailed data from any or all
subsystems in any combination often saves minutes of analysis time. Both of these
factors allow the analyst to focus on the situation requiring his attention rather than on
drilling for the data he needs to support analysis.

Visual data monitoring also allows analysts to save time when monitoring data that
contains noise. When a satellite or ground system is generating noisy telemetry, the
software can still indicate an alarm that has been triggered immediately, allowing the
analyst to respond to the anomaly without waiting until the data point has been in or out
of limits for three consecutive telemetry frames.



Figure 2

CREATIVE USE OF ALARMS CAN PREVENT COSTLY ERRORS

The 3-D visualization and analysis environment lets analysts set alarms in flexible ways
to get just the information they need about the data they are monitoring.

The ability to generate alarms based on adverse trends that often occur before data goes
out of limits can be extremely valuable. In the commercial satellite industry — including
network operation control centers, VSAT networks, and regular communication networks
— losing pitch lock on a satellite is very costly, both in terms of loss of revenue and
corporate reputation. When a satellite loses its lock on Earth, perhaps through loss of
gyro or loss of a momentum wheel assembly, it starts to spin and its customers
experience outages. By setting the appropriate trend alarms, a company can detect
problems that will result in loss of pitch lock before they occur.

As another example of using trend alarms, an operator that is performing a north/south
maneuver on a satellite might use trend alarms to monitor the rate-of-change on the roll
rate, the pitch angle, and the yaw rate. If the rate-of-change for one of these parameters



increases beyond the expected rate, an alarm will indicate that the parameter may soon go
out of range, giving the analyst a chance to react before a problem occurs. Using roll rate
as an example, this type of alarm can give the controller a chance to perform a roll
control or denutation maneuver before the associated data points reach a non-recoverable
state and the maneuver has to be terminated. Without real-time trend information, a
problem with roll rate would likely cause a maneuver to be restarted or rescheduled,
which would require additional fuel and possibly cause customer outages, depending on
where the satellite was in the box.

Trend alarms also offer essential information when applied to eclipse operations, battery
reconditioning, and battery charging after eclipse operations. For example, an alarm that
monitors battery temperature and charge rate can give an analyst insight into how the
batteries are performing during an eclipse operation. With early warning of problems, the
operator has a chance to take appropriate action and avoid battery damage. If batteries do
sustain damage, the satellite may not be able to support as many transponders during
future eclipse operations, thus reducing revenue for the satellite operator.

These powerful alarm capabilities can also be used together. For instance, while setting
up for a maneuver, an operator must warm up the designated thrusters for firing. If the
thrusters are not at the correct temperature when they fire, their efficiency will decrease,
adversely affecting the maneuver performance. An analyst can assign limit alarms to the
thrusters to track their temperature values, and define trend alarms to track the rate-of-
change in their temperatures. This combination of alarms will ensure that the thrusters are
at the correct temperature when the maneuver is executed. Using traditional drilling
methods to verify the thruster temperatures and trends can delay the maneuver start time,
resulting in an inefficient maneuver and a waste of fuel.

Alarms don’t have to indicate undesirable situations; they can also be used to indicate
that data parameters are performing the way they should. For example, an analyst can use
limit alarms to monitor thruster temperature during the execution of a maneuver. With
this method, the analyst sets an alarm on each thruster to indicate when the thruster has
reached the desired temperature. When thruster firing commences, all selected thrusters
should go into an alarm condition. If this does not happen, the analyst will know that the
non-alarming thruster is not firing correctly.

In some situations, it’s useful to set alarms on derived parameters. For example, an
analyst might do this to determine which thrusters are operating most efficiently so that
he can use those particular ones for a maneuver. To accomplish this task, the analyst first
creates a derived parameter for each thruster to calculate the sum of the number and
length of the thruster firing, along with other required parameters. He then uses off-line
tools bundled with the data visualization software to calculate which thrusters are burning



most efficiently. Performing this type of analysis increases revenue for the satellite
operator by reducing fuel usage and adding years of life to a satellite.

The 3-D approach to telemetry monitoring allows a satellite operator to define,
implement and modify in real time all of its alarms without programming assistance or
massive and time-consuming database update routines. By using limit and trend alarms
appropriately, a satellite operator can extend the life of a satellite by ten to twenty
percent.

ONE TOOL, MANY APPLICATIONS

The technical and economic benefits of visual monitoring and analysis are readily
apparent in many areas of the satellite industry.

This approach is particularly well-suited to network operation centers, which typically
monitor uplinks, downlinks, transponder usage, and quality for multiple feeds. To cite
one application, a network operations center might use a 3-D display to monitor its
transponders for bandit carriers and over deviation, and alert the operator when a bandit
comes up or when a carrier is starting to over deviate. When these situations occur, the
operation center can react immediately, without taking its customers off the air.

Large-scale satellite operations can use a single display to manage several ground stations
across a wide geographical area. Along with monitoring RF, base-band, and antenna
systems, they can also incorporate data from major satellite subsystems and inter- and
intra-facility communications. The centralized display gives the operations staff an
overview of the entire system and allows them to recognize and respond to problems that
occur anywhere within the system. By the same token, a VSAT network can display the
data from all of its remote terminals on a single 3-D display, so that information on
reported problems will be immediately available to the operational staff. This setup
minimizes down time and the resulting loss of revenue.

Another application of visual data monitoring techniques for satellite operations is in
monitoring transponder downlinks. A major constellation owner who maintains
communications downlinks around the world and attempts to monitor them from a
centralized monitoring facility more often than not finds it necessary to employ several
different types monitoring systems. This defeats the goal of centralized monitoring by
introducing multiple displays and multiple controllers monitoring these displays. In
addition, the look and feel of each display is usually different, increasing training and
cross training costs. In the 3-D monitoring environment, the data from these monitoring
systems is displayed on one 3-D graphical display showing the status of all transponder
downlinks. The display will have a large number of data points (10,000 or more), but the
analysts can instantly see which problems most urgently require their attention. This is



not possible with conventional monitoring approaches, which neither collect all the data
on one screen nor show the relative importance of anomalies.

In addition to consolidating real-time data, visual 3-D monitoring can also provide a
consistent analysis tool throughout a satellite’s development, testing, and deployment.
Satellite manufacturers can use 3-D monitoring during the integration and test period, and
the satellite operator can then employ the system in an operational environment during
launch, transfer orbit, orbit test, and normal day-to-day operations. This lets the satellite
manufacturer and operator use the same tools and displays when building and operating
the satellite.

Traditional monitoring systems do not provide telemetry data to the analysts at home.
New visual monitoring systems, however, use pagers or email to provide an analyst with
key information about a data point that has gone into alarm. If the analyst needs more
information or wants to examine the data in more depth, he can run the visual 3-D system
at a remote location. These options allow engineers to make decisions based on actual
data, regardless of whether they are on or off site.

Government and university operations are increasingly interested in running “lights out”
operations, in which ground stations are only staffed during the day, as a way to cut costs.
The visual monitoring approach greatly facilitates this type of operation. Critical
telemetry parameters are monitored for alarms during the night shift. If an alarm occurs,
the responsible analyst is notified via pager or email. The analyst can then retrieve data
from his location and investigate the reported anomaly. This lights out systems approach
can also be used by commercial satellite operations that maintain a primary and backup
TT&C system. The primary control station is staffed 24 hours a day, while the backup is
staffed during the day shift only. If a problem occurs at the backup station, the
responsible analyst will be paged or emailed to notify him of the problem.

CONCLUSION

As satellite constellations grow in size and complexity, operators need technology that
allows them to monitor and control their spacecraft efficiently. 3-D monitoring and
analysis makes data instantly available, reducing reaction time to anomalies from minutes
to seconds. Anomalies are visually prioritized to draw analysts’ attention to the most
critical problems. With trend alarms and the ability to consolidate data in one display,
analysts can spot and correct problems anywhere in their system before they become
serious. Remote monitoring is also possible through pager and email, which permits
operators to run lights out operations.

Perhaps more important than the technical advances associated with 3-D visualization are
the economic benefits. 3-D data visualization and analysis can help cut costs and generate



revenue. It can reduce staffing requirements by allowing fewer controllers to monitor
larger amounts of data. With appropriate use of alarms, operators can increase the
efficiency of their maneuvers and thus extend the life of their satellites. Companies who
use this approach save on training and cross-training costs, and they don’t need to
allocate resources to develop or maintain custom software for monitoring individual
resources within their system.

The most comprehensive and far reaching design for data monitoring to date, 3-D
visualization and analysis provides a solution for both the technical and economic
challenges facing the satellite industry today.
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ABSTRACT

Over the next ten years, NASA’s Earth Science Enterprise Program is scheduled to deploy
a series of remote sensing satellites that require high-rate downlinks. As part of the
program, a goal has been defined to provide the user community with a low-cost solution
for receiving this Earth Science spaceborne remotely sensed data. This paper describes
one approach, the High-Rate Ingest System (HRIS), which can serve as a gateway
between the satellites and the information systems. HRIS is capable of ingesting a UQPSK
downlink at rates up to 200Mbps in real-time and provide a level 0 data product with rapid
turnaround. The commercial components of the HRIS include a high performance 3.1-
meter antenna system, a DEC Alpha workstation, and a RAID storage system. Within the
DEC Alpha workstation are advanced technology hardware and software components that
will become available for commercialization. The paper describes the architecture and
proposed application of the HRIS as a complete end-to-end ingest solution for regional
sites. In addition, collaborative commercial efforts and technologies, along with Goddard’s
technology prototyping efforts will also be presented as part of HRIS.



INTRODUCTION

Many technologies have been developed by NASA/GSFC to enhance the utilization of
remotely sensed data fused with other data sources. It is the goal of NASA to validate
these developed technologies and ultimately make them available to the user community at
low cost via the commercial sector. The approach was, and still is, to develop technologies
and aggregate them into a functional system for the purpose of subsequent collaborative
test bedding and refinement. Participating universities may collaborate with GSFC in the
validation of these technologies by testing the integrated system with real-world, regional-
scale applications and by providing feedback to NASA for the purpose of ensuring the
next phase of research is relevant to the needs of real users.

This vision resulted in the formation of a Regional Application Center (RAC) program.
This program has been developing with participating universities and commercial consortia
to institute regional goals based on the needs of the user community. The goals of the RAC
are to:
• Promote the establishment of self-sustaining public and private sector working

relationships
• Refine and transfer NASA technology through collaborative test bedding
• Use RAC created, in-situ and ancillary databases to support the calibration and

validation of NASA satellite data
• Incorporate the RAC's applied research results into shareable global environmental

knowledge bases
 

 In an attempt to understand the needs of the user, which range from farmers to local
governments to the private sector, the RAC program has extensively surveyed this
community and has produced a document called “RAC User Needs”. These needs have
helped define the research and development activities of the RAC system as well as help
establish the road map for the above goals to be reached. From this study it was evident
that these users require high-resolution spaceborne remotely sensed data, which translates
into a need for high-rate (150Mbps) data ingestion capability. To adequately receive this
high-rate data for subsequent product generation, the hardware platform must be capable
of RF demodulating, baseband processing, and storing data to disk in real-time. Through
internal collaborative system development, NASA/GSFC has developed a system that
meets these requirements and is based on advanced technology achievements and
commercial hardware. This system is called the High-Rate Ingest System (HRIS).
 

 As a first step in addressing the goals defined above, the RAC must generate low level
data products from raw data sources such as in-situ sensors, mobile sensors, data archive,
and remote sensing satellites as depicted in figure 1. The RAC component that receives



data from remotely sensed spaceborne instruments is referred to as the ingest system, or
the HRIS which is the subject of this paper.
 

 

 Figure 1: Regional Application Center Context

BENEFITS

 The benefits of the HRIS can be placed into two categories: cost and capabilities. Between
the use of commercial hardware and NASA advanced technology elements, the targeted
reproduction cost of the HRIS is $450k. The low reproduction cost allows NASA and the
user community to procure systems at a reasonable cost; ultimately the HRIS would enable
the advantages of a distributed/regional system implementation, with benefits that extend
to the scientific researcher, the education system, and the end-user communities. The low
cost of the HRIS is due largely to the utilization of advanced technology achievements
from the Desktop Satellite Data Processor (DSDP) Project, a generic building block
approach to ground system design, developed by GSFC.
 

 Once acquisition systems become more affordable, there will be an increase in the number
of users with the ability to receive and process Earth Science data regionally which will
enable cultivation of new commercial enterprises. Potential users include governmental
organizations, health, and educational institutions, as well as private industry. These
factors reinforce a real need for a distributed system approach to solve global problems
regionally.
 

Under the capabilities category, compatibility with diverse remote sensing spaceborne
platforms is the most critical element of the RAC distributed system design. Therefore, the
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HRIS has been designed to receive and process data from many existing and future remote
sensing satellites. For example, the currently deployed x-band spacecraft to be received by
the HRIS architecture are Landsat-7, JERS, ERS, Radarsat and Spot. The future x-band
spacecraft to be received are EOS Terra, EOS-PM1, EOS-AM2, EOS-PM2 and NASA’s
advanced technology initiative, the EO-1. Higher data processing algorithms such as level
1 and 2 are currently being researched for availability for use in the RAC information
system. In some cases special agreement with a respective project or organization is
required depending on the application of the data. More specifically, government and
educational institutions generally have ready access to developed algorithms when the data
is used for purposes of scientific research. On the other hand, a commercial application
may be subject to licensing fees with data from spacecraft such as Landsat, Spot, Radarsat
and other semi or fully commercial platforms. Nevertheless, this situation should not deter
the user from accessing such data since ground system owners and commercial satellite
companies will need to work together to acquire data over specific regions due to the
narrow field-of-view characteristics of remote sensing satellites.

CAPABILITIES

As previously mentioned, the HRIS has been based on GSFC’s DSDP approach to system
development. Undertaking this philosophy yielded a system with the capability to receive
and process data from a wide range of government and commercial remote sensing
satellites.

The HRIS performs all RF and base-band CCSDS return link processing functions or
TDM data capture, including:
• Track a satellite, receive carrier and downconvert to a common IF
• Perform RF demodulation of BPSK, QPSK, OQPSK and UOQPSK modulated

transmissions
• Perform frame synchronization and Reed-Solomon error detection and correction
• Extract CCSDS packets embedded within frames. Sort and group packets by

application identifier
• Output real-time data and sort spacecraft playback data to separate files for temporary

storage
• Store and distribute data sets in the EOSDIS file format
• Perform all simulation functions at rates up to 200 Mbps



IMPLEMENTATION

The HRIS consists of a commercial antenna system, a RAID, and a DEC Alpha 4100
workstation with four DSDP subsystems: the System Control Software, the Digital
Receiver, the Return Link Processor, and the Forward Link/Simulator.
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Figure 2: High-Rate Ingest System Context

System Control Software

The system control software directs and monitors all functions of the HRIS while
interfacing to the RAC Program/Scheduler. Operationally, the control software
independently operates the HRIS, and will send/receive information to/from the RAC
Program/Scheduler as needed. The HRIS has two modes of operation, the Return Link
Processing Mode and the Simulation Mode. In the Return Link Processing Mode, the
System Control Software provides autonomous control and monitoring of HRIS
subsystems. In the Simulation Mode, the System Control Software provides an interactive
interface for configuring the desired subsystems.

Return Link Processing Mode

The Return Link Processing mode consists of the Antenna System, the Digital Receiver,
and the Return Link Processor Card. This mode is configured to receive X-band
transmissions and perform RF demodulation, baseband processing, and store to RAID at
rates up to 200 Mbps in real-time. Refer to figure 3 for the system flow.



The Antenna System is a high-efficiency 3.1 meter parabolic reflector with Program/Step-
Track positioner using Conical Scan Feed and Integrated Tracking Receiver Option. The
output of the front end electronics assembly is a tuneable downconverted 720 MHz IF.
The Antenna Control Unit is remotely located and interfaced to the DEC Alpha via
network.

The High-Rate Digital Receiver (HRDR) core engine consists of one GSFC specialized
ASIC: the High-Rate Digital Receiver Chip. The HRDR receives the 720 MHz IF signal
and then performs BPSK or QPSK demodulation, Viterbi decoding, and bit
synchronization. Serial clock and data is then output via a 100k ECL interface to the
Return Link Processor Card.

The Return Link Processor Card integrates three GSFC designed ASICs: the Parallel
Integrated Frame Synchronizer Chip, the Reed-Solomon Error Correction Chip, and the
Service Processor Chip. The Return Link Processor Card receives differential clock and
data through a 100k ECL interface or an RS-422 interface and frame synchronizes
according to specified synchronization pattern and strategy. Reed-Solomon error detection
and correction is then optionally performed on the synchronized frames. Data pieces are
extracted from the frames and source packets are reassembled. Data is then output, via
Direct Memory Access (DMA), to the host memory for storage to the RAID.

The Level-0 Processor Module optionally performs CCSDS packet time ordering, packet
duplicate deletion, and packet merging from the composite source packet file previously
stored by the RLPC. The output of the level-0 processor module may be a PDS file format
consistent with the EOSDIS. This output file is then transferred via TCP/IP to the
information system element for higher level science processing.

Simulation Mode

The Simulation mode is operated during system test and consists of the Forward Link /
Simulator Card and the modulator / exciter elements. The mode is configured to generate a
digital baseband signal, modulate the signal, and excite the modulated signal at X-band.
Refer to figure 3 for the system flow.

The Forward Link / Simulator Card provides forward digital baseband data for the
purpose of system test. This card receives input from either a network or data file via its
PCI BUS interface. It generates a bitstream that may be optionally Reed Solomon (up to
interleave 5), CCSDS PN (x8+x7+x5+x3+1 polynomial), and convolutional (interleave 1, 2,
4, or 8) encoded. Encoding is performed either on-the-fly or within a data file created in
the Simulated CCSDS Telemetry Generator (SCTGEN) environment. Pre-determined
errors may be precisely inserted into data for performance analysis. The output interfaces



are synchronous ECL or RS-422. The output may be provided to either the modulator for
end-to-end tests or directly into the RLPC for baseband tests.

The modulator is a commercial product and receives digital baseband through its
differential ECL input from the Forward Link / Simulator Card. The modulator will output
BPSK, QPSK, OQPSK, and UOQPSK at up to 210Msps.

The exciter receives modulated RF and radiates into free space at X-band providing a
complete loopback BER performance test.

Figure 3: High-Rate Ingest System Data Flow



CONCLUSION and FURTHER WORK

The HRIS implementation has resulted in a high-performance functional element to the
RAC information system. The DSDP system design approach resulted in a system to be
used in a wide variety of remote sensing applications. The HRIS represents an architecture
that may ultimately be used by the educational, commercial consortia and user
communities at a commercial target price of $450k.

The continued development of NASA’s advanced technologies will further reduce the cost
of receiving ground systems. These technologies will then be made available for
commercialization in order to have more affordable solutions for the user community,
commercial consortia and NASA.

REFERENCES

1. “RAC User Needs” NASA Goddard Space Flight Center, June 1998
 

2. “Applying Information Technologies to Facilitate Information Access and Regional
Development,” NASA/GSFC’s Regional Validation Center Program, May 1996

 

3. Brown, Barbie; Ghuman, Parminder; Medina, Johnny; Wilke, Randy, “A Desktop
Satellite Data Processing System,” International Telemetering Conference Proceedings,
International Foundation for Telemetering, 1997.

 

4. Mirchandani, Chandru; Daniel, Kenneth; Nguyen, Diem; Hilinski, Stan, “EOSDIS Test
System High-Rate System,” International Telemetering Conference Proceedings,
International Foundation for Telemetering, 1997.

 

5. “Packet Telemetry”, Consultative Committee for Space Data Systems
Recommendation CCSDS 102.0-b-3, Blue Book, Issue 3, November 1992.

 

6. “Advanced Orbiting System, Networks and Data Links: Architectural Specification”,
Consultative Committee for Space Data Systems Recommendation CCSDS 701.0-B2,
Blue Book, Issue 2, November 1992.



PREPARING A COTS GROUND TELEMETRY RECEIVER
FOR USE IN

THE INTERNATIONAL SPACE STATION

James Champion
L-3 Communications / Microdyne

Ocala, Florida

ABSTRACT

Within the industry, telemetry receivers are used in ground-based telemetry receiving
stations to receive telemetry data from air or space-based sources. Equipment for the
typical telemetry application is widely available. But when requirements create the need
for a space-based telemetry receiver to uplink data from the ground, what are the choices
for equipment? In such situations, adapting COTS equipment may present the only solution
to meet delivery and budgetary constraints.

The first part of this paper provides technical and contractual points a COTS supplier
needs to consider when bidding on a COTS contract. The second part of this paper covers
a project concerned with modification of a general-purpose ground telemetry receiver for
use on the International Space Station. The information within the paper is useful to other
engineers and companies considering contracts to modify COTS equipment for use on
Shuttle or other space-based projects.

KEY WORDS

Commercial-off-the-Shelf, COTS, telemetry receiver, International Space Station, and
Space Shuttle.

INTRODUCTION

In an era of lower budgets and a cost effective space program, NASA frequently looks for
available COTS equipment that can be modified for use to meet mission needs. While
specially built equipment is necessary for mission critical equipment, other less important
applications are often filled using available COTS equipment. Generally, COTS equipment
is not used for requirements that are critical to the safety of the crew or craft.



There are many things a potential supplier must consider when asked to provide COTS
equipment for a Space Shuttle flight or for the International Space Station project.

TECHNICAL AND CONTRACTURAL POINTS FOR THE COTS SUPPLIER

Modifying a COTS piece of equipment for space flight presents many contractual,
modification, and packaging challenges. Careful attention to the requirements are needed
to avoid situations that could be expensive to both the supplier and customer.
Specifications that would normally never be considered in ground-based equipment, such
as radiation hardness, moisture, outgassing, and ease-of-use by unfamiliar personnel must
be carefully considered.

COTS equipment for space applications will always require analysis, testing, modification,
and support. This process can be time consuming in both contract negotiations, and in
technical requirements and engineering support. This is not the typical equipment sale.
Companies that frequently modify equipment to meet a customer’s requirements will be
better prepared.

TECHNICAL CONSIDERATIONS

The Space Shuttle and International Space Station are designed to have a “shirt sleeve”
working environment with conditions similar to a standard sea-level office. At first glance,
the environment may appear to be an easy one for equipment to function. But the
conditions resulting from Zero-G, limited air volume, close quarters with people, and
radiation pose problems that would never be considered in the design of ground based
equipment. Your existing COTS equipment design will need to be examined for the new
application.

1. Most ground use equipment is designed with controls and displays for setup and
operation. However, flight personnel cannot use their limited training or flight time
setting up equipment. Even in situations where performing an experiment requires
direct use of equipment, the equipment must be simple to operate. Frequently, the only
control provided to the flight crew will be a power switch. Most equipment must
power-up ready-to-run and complete a task without intervention.

2. Circuit boards must be conformal coated. Moisture may condense on equipment. Also
in a Zero-G environment liquids may spill and circulate with air into equipment. Air is
continuously re-circulated. The conformal coatings used must be approved, primarily
for outgassing properties.



A. Most likely, your COTS equipment was designed with no anticipation of being
conformal coated. An analysis of all circuit boards will be needed. All connectors,
trimmers, moving mechanical items, and mounting points will need to be masked
from the coating.

B. In military applications, a thick coating is used for protection from high humidity,
dirt, and shock. For space-use the purpose of the coating is to prevent problems
from condensation, liquids, or a random “loose screw”. Generally, a thin spray
coating, free of voids, will meet the requirement.

C. RF circuits may not operate it they are coated. If your equipment has such
limitations, be sure to have the necessary wording in the contract.

D. Remember – the thicker the coating, the more outgassing that will occur later. This
could result in additional testing and lengthy temperature bake for your equipment.

3. All chemicals used in the construction or assembly of the equipment must be identified
and approved. In the small enclosed environments present on the shuttle or space
station, outgassing from material and trace chemicals used in equipment may be a
health hazard over time.

4. LCDs are not permissible. The fluid from a broken LCD is a health hazard and in a
Zero-G environment can easily spread. If LCDs are used they will require a rugged
enclosure.

5. Batteries are not permissible. Batteries can corrode. The metallic lithium or sodium
found in small batteries for non-volatile memory or clock circuits are highly reactive
and unacceptable.

6. Vinyl and vinyl wiring are not acceptable. Teflon is the wiring of choice.

A. As vinyl decomposes from age and heat, hydrogen chloride gas will be released.
The HCl combines with moisture to form hydrochloric acid that can corrode other
delicate equipment.

B. With time and moisture, vinyl can provide a good organic medium for bacterial or
fungus to grow. This can result in short-circuits as the insulation breaks down.

7. For short circuit current tolerance, minimum wire sizes will be required on any wire
carrying a supply voltage. This will insure minimum wire heating under failure
conditions.



8. Equipment in orbit will be subjected to increased radiation. Expect your equipment to
be tested with a cobalt radiation source to determine its radiation tolerance.

A. Flash RAM should not be used for program storage. EPROM or NVRAMS or
PROMS are preferred. Flash RAM has a low radiation tolerance and will quickly
fail.

B. Equipment used for longer periods may experience bit failures of the memory
devices. Redesign to use other technologies is contrary to the idea of COTS
equipment use. Instead, it may be possible to use a larger device (i.e. EPROM) in
which the operating program is compiled two or more times. A simple “boot-strap”
memory checksum test can then test the memory and direct program execution at a
tested good copy of the operating program.

C. Examine electronics to locate unused gates or other devices. Are they tied to
ground or power according to manufacturer recommendations? Look also at unused
inputs to other active devices. These can be sources of device latch-up that can
cause equipment not to operate, or to fail altogether under radiation.

D. To radiation test equipment, it will usually be disassembled and spread-out so
individual circuit boards can be radiated separately. A special test harness will be
required so your equipment can be connected and functioning for this test.

9. Equipment must be subjected to conditions to simulate explosive decompression. The
purpose of this testing is to verify that no electronics module will rupture if the internal
atmosphere is lost. This will require venting of enclosed modules or other large
contained air spaces. A small hole drilled in a sealed module will usually meet the need.
Small sealed devices such as crystals or power transistors will sustain decompression
and do not need to be considered.

10. Examine heat-producing sources within your equipment. Items such as power devices,
transformers, high-speed ICs or other components may overheat. Remember - in Zero-
G, heat doesn’t flow upwards. Normal cooling convection air currents will not form
without gravity. Forced-air cooling may be required.

11. Equipment space is limited. COTS equipment may require re-packaging to meet the
space and packaging limitations for equipment on the shuttle or space station.



CONTRACTUAL CONSIDERATIONS

Request for COTS equipment generally will not come directly to your company. Another
company will usually have the primary contract with NASA to provide an experiment,
flight package, or module. In the course of this contract, the need for COTS equipment
will arise and your company will be requested to provide a bid.

Supplying equipment for the Space Shuttle or the International Space Station is very
prestigious. However, most companies that provide COTS equipment do not have the
necessary equipment or expertise in house to perform the required modifications and
testing. This does not need to be a roadblock. The primary contractor will be the company
with the experience, equipment, and ability to help in the process. The importance of the
COTS equipment to the task or mission being performed will have been previously
analyzed. This failure assessment will influence the contract specifications.

1. If your company is uninterested in becoming involved, then sell a standard piece of
equipment to the primary contractor and have him make all necessary modifications.
Anticipate that even with minimal involvement, they will need copies of many of your
drawings, and will possibly need you to retest the equipment after they modify it.

2. Examine the contract carefully. Put your technical people in contact with theirs early in
the contract discussion phase. Involve your technical people in contract discussions to
make sure the modifications requested can be performed. But, make sure your technical
people place all verbally agreed upon points in the preliminary contract before final
approvals.

3. As much as possible, use the primary contractor to perform the acceptance testing and
modifications to your equipment. Work with them in this – you both benefit from the
sale and success of the project. They know the requirements and have the properly
qualified people to perform the work. They already have access to sources that can
perform the unusual items, such as radiation testing.

4. If the primary contractor performs much of the testing, support them with the modified
cables, harnesses, or other accessories for your equipment. You will have the special
crimping tools and raw parts to quickly make these specialized, limited-use items for
the test of your equipment.

5. Your equipment will most likely be repackaged. If the primary contractor performs this
task, support them with modified cables or harnesses. Again, you will have the special
crimping tools and raw parts to do this quickly. You may have to support these
modified parts with documentation.



6. If there is a reference to a process specification or procedure specification, request it
and read it. Compare these procedures to your own internal procedures. Watch for, and
attempt to eliminate from the contract, unnecessary “boiler-plate” processes and
procedures that have no added functional value to the equipment being provided. Make
the primary contractor responsible for these items – they will already have personnel
who do this paper work.

7. Anticipate software changes and the associated development costs. Your equipment
must power-up and operate without intervention. Your software will have to operate
without battery-backup RAM.

8. Expect that your technical personnel will be involved in weekly conference calls,
meetings, and information requests. Check the contract for after-shipment support or an
at-the-launch on-site presence of your engineers. Estimate your time and travel cost
accordingly.

9. The sale will be more than a single item. The contract will involve the sale of several
pieces of your equipment. Typically, there will be a flight unit, a backup, and a third
unmodified unit that will be used for radiation, vibration, and environmental testing.

10. Arrange for the “test unit” to be loaned back to you for development and to work bugs
in your modification processes. This will help you find unanticipated problems without
risking damage to one of the primary units. This also results in an additional unit that
can be used to resolve problems when the primary units are shipped and unavailable.
You will benefit by producing a better final product and the end customer (NASA) will
benefit from having a real unit for mockup or training.

A COTS EXAMPLE: A Telemetry Receiver for the International Space Station

For the International Space Station (or ISS) a contract to develop and provide a telemetry,
voice, video, and data communications system was obtained by a division of Boeing.
However, this system would not be available until the final modules were added to the
space station. An interim solution for video and data reception was needed for the early
stages of space station use.

The required receiver would need to fit a NASA standard “4 PU SIR drawer”. This
package size is different from the 19” rack size of ground equipment. The first choice was
to use a Microdyne 700 series telemetry receiver as it was of modular construction and
already proven in extensive use by NASA ground stations.



In the fall of 1997, two DC powered 700-MR telemetry receivers with 758-D multi-mode
demodulators, bit syncs, and IF filters were ordered by the Space Mission Systems &
Services division of Lockheed Martin. This division of Lockheed Martin works closely
with the NASA Johnson Space Center. These receivers were only for test and evaluation
of the COTS design to see if they would meet space station requirements. After extensive
testing of these units, it was determined that the design of the 700-MR could be modified
to meet the requirements of the ISS.

In the summer of 1998, two more 700-MR receivers were ordered. These receivers would
become the primary flight unit, and a spare backup. Only one of the receivers would be
installed on the station. The receiver was scheduled for delivery to the ISS on a shuttle
mission in the late spring of 1999.

Lockheed contracted with Microdyne to perform the necessary NRE software
modifications, rewire the unit with Teflon wire, and conformal coat the circuit boards.
Lockheed would also; repackage the receiver into the 4 PU SIR drawer, perform
environmental testing and arrange for radiation testing. The time schedule was critical.
Weekly conference calls between Lockheed, Microdyne, and NASA JSC were held.

Although the conformal coating used internally at Microdyne met Military Specifications,
it had not been tested or approved by NASA. To speed the process Lockheed worked with
NASA to approve the coating. Microdyne requested one of the test radios from the first
shipment to prove the modifications and conformal coating process for the many RF circuit
boards involved.

Lockheed arranged for radiation testing using first shipment test receivers. The receiver
was tested for a radiation dose equivalent to five years in low earth orbit. The 700-MR
design contains active devices made using a variety of semiconductor families: TTL,
Bipolar, MOS, CMOS, ECL, EPROM, EEPROM, NvRAM, SRAM, FPGA, Schottky,
PIN, MOSFET, JFET, and GASFET. It is not known if equipment with such a complex
mixture of technologies has ever been radiation tested before.

For radiation testing, the receiver was disassembled and the individual modules spread on
three sheets of plywood separated by six feet. A special wire harness was constructed to
interconnect the modules. Using a 1 x 3 inch aperture, modules were radiated one at a time
to pinpoint sensitive devices. The receiver was powered during the test so any failure
could be detected remotely. Due to short-term radiation effects, it would not be possible to
handle or repair the radio for several days afterwards.



The receiver passed radiation testing and experienced upset only when the synthesizer
module was radiated. The synthesizer recovered as soon as the incident radiation was
removed.

The receiver software was modified to remove software dependence on normal battery-
backup RAM, and to have the receiver power up to a preset state ready-to-run. All the
normal adjustments a technician would
perform regularly on the ground (i.e. 0
dB C/N settings, COR adjustments)
had to be predetermined and set in the
software.

The before-repackaging appearance of
the radio in the first photo is very
similar to that of a standard 700-MR
radio. The new receiver was
designated as a 700-SS for Space
Station. Module wiring has been
changed to Teflon and the 28 circuit
boards of the radio have been
conformal coated.

The second photo shows the receiver
repackaged in the 4 PU SIR drawer
configuration. 28 VDC power, RF
input, data output, and forced-air
cooling are provided on the rear of the
4 PU SIR drawer.

The front of the 4 PU SIR drawer provides additional video outputs, bit-sync data outputs,
and an RS-422 I/O port for remote control. LED indicators are provided only for “power”,
and “demod lock”. The front panel of the receiver is located under the top cover and is not
available for operation. Through the front panel RS-422 port all the controls of a standard
700-MR telemetry receiver are available. Should a different use arise in the future the crew
could use a laptop computer to control the receiver.

The primary use of this receiver is on the uplink from the NASA TDRSS satellite system.
The crew will use this receiver for data (station equipment software updates) and for
family-to-crew personal video communication. The 700-SS made the trip to the
International Space Station as one of the cargo items on shuttle mission STS-96 that
launched May 27, 1999.
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ABSTRACT

Employment of the retro-directive technique described in Reference 1 describes a totally
Autonomous Ground Station providing hemispheric coverage and continuous tracking.
This System establishes communications between the satellite and ground station without
human intervention or moving parts. When a satellite is in view, the ground station
beacon antenna, using CDMA, enables the desired satellite transmitter and directs its
beam to the ground station. The ground station, using the satellite’s transmitted signal,
directs it’s receive and transmit arrays to point the ground station beams to the satellite,
establishing two-way communications. The process is automatic and provides continuous
horizon to horizon tracking.

KEY WORDS

Phased arrays, signal processing, unwanted signal nulling, hemispheric coverage, thinned
arrays, and automatic signal acquisition.

INTRODUCTION

Ground stations for satellite communications that are manned three shifts per day/seven
days a week have become increasingly expensive to operate and maintain. In addition,
there are situations where a ground station is only needed in a particular area for a short
period of time. A portable system, which could be employed in another location at a later
time, would be the ideal solution, i.e., a readily transportable system. Employment of the
retro-directive technique described in refs.1 and 2 presents the possibility of a totally
Autonomous Ground Station that provides both hemispheric coverage and continuous
tracking. This System also eliminates the “keyhole” found in most dish antenna systems.
The System envisioned would establish communications between satellite and ground
station without requiring human intervention or moving parts, and, using an error signal
developed in Reference 3, offers the possibility of nulling unwanted signals. When a
satellite is to be in view, the ground station beacon antenna, using for example Code



Division Multiple Access (CDMA), turns on the desired satellite transmitter and directs
its retro-directive or tracking beam to the ground station. The ground station in turn,
using the satellite’s transmitted signal, phases-up its receive and transmit arrays so as to
point the ground station beams to the satellite, thereby establishing two-way
communications. The process is automatic and provides continuous horizon to horizon
tracking.

Use of the CDMA to separate the user satellites would allow simultaneous
communications with multiple satellites, while providing 30 dB separation when using
the gold codes.

This System requires no apriori knowledge of source location. It is totally automated,
requires very little maintenance and no manual intervention; and over its lifetime should
prove cost effective.

Figure 1 shows a typical system configuration, while Figure 2 is a suggested antenna
arrangement for X-Band. Each of the four arrays in Figure 2 provides coverage in excess
of ±50° in both elevation and azimuthal planes, thereby providing total hemispheric
coverage.

The sequence of operations would call for the ground station to send an omni-directional
beacon signal that turns on the desired satellite. This signal should be of narrow
bandwidth to reduce the power requirements. The satellite, in turn, transmits a signal that
allows the ground station to phase-up both the transmit and receive arrays, so as to point
their beams to the satellite, thereby establishing two-way communications.

As described in Reference 1, the ground station receive array employs a few sensor
elements arrayed both horizontally and vertically, that measure phase differences
generated by the satellite signal incident on the sensor elements. This is known as a
thinned array. A total of nine sensor elements in each planar array of Figure 2 are
sufficient to generate all phases required to scan each planar array in both planes, i.e., in
azimuth and elevation.

The only software required for the system to operate is that which seeds the ground station beacon, so as
to turn-on the desired satellite. Thereafter, signal acquisition, beam formation and tracking is automatic.
This requires no phase shifters, moving parts or a priori knowledge of signal source location.

Complete hemispheric coverage is thereby achieved by employing four planar arrays, as
shown in Figure 2, each mounted on a face of a four sided pyramid inclined at 45°.
Radiation coverage by each array is greater than ±45°, thereby providing continuous
coverage over the entire hemisphere, both in elevation and in azimuth. Receive and
transmit phases for each of the array elements are determined by measuring quantities
containing the phase differences generated by a signal incident on a few interferometer



pairs, ie., on thinned arrays. The need for phase shifters or switches is eliminated. By
generating a radiation pattern that is orthogonal to the conventional sum pattern, nulling
of unwanted signals is greatly simplified.

Nulling of unwanted signals can be accomplished by generating two independent
radiation patterns using the same receiver array. First is the conventional sum pattern
with its on-axis maximum response and associated side lobes. The second pattern is
orthogonal to the first and has a null on-axis rather than a maximum. A summation of
appropriate harmonics produces a radiation pattern that approximates a signum function,
i.e., a response that is uniformly positive for all positive spatial angles, uniformly
negative for all negative spatial angles and zero at array zenith. Figure 3. This zero
response is independently scannable relative to the sum channel. By placing the null in
the direction of an unwanted signal and multiplying the two antenna patterns, the
unwanted signal is eliminated while not affecting the desired signal.

Additional receivers can be added to the same array for multiple user support in a CDMA
System with full array gain available to each user simultaneously. Power dividers are
placed after amplification of the signal and are routed to each user receiver. The CDMA
code is reduced to provide the carrier and information to be processed. Each user would
use a separate subset of phase combiners (mixers) which would form independent beams
for each user.

The Local Oscillators could be shared for all users as the desired directional information
is contained in the carrier after removal of the CDMA code. This enables the same array
to support multiple users simultaneously.

Each user would require the use of a separate array for transmit from the ground station
for directivity of the beam. This does not normally pose a problem as the transmit beam
usually is formed using fewer, higher power transmit elements.
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ABSTRACT

This paper reports on the Space Shuttle, Record and Playback Subsystem (RPS) upgrade
project turnaround brought about through extensive collaborative software development.
The new project and systems engineering methodologies employed on this project resulted
in many positive effects over the status quo method employed to develop and upgrade
systems. These effects include; 1) a reduction in the initial software development costs, 2)
a reduction in the development timeline, 3) improved marketability of the software
technology developed, 4) improved product quality deployed to operations, and 5)
improved maintainability. Attributes within each of the aforementioned are examined in
support of these assertions.

Prior to implementing this new method, the RPS upgrade project had been under
development for seven years using the standard software development method. This
involves developing custom applications using Commercial Off The Shelf (COTS)
hardware, operating systems and compilers. A change in strategy was effected on this
pathfinder project by adopting a COTS telemetry ground station software package to
provide basic ground station functionality and building additional required capabilities to
complete the project. The merits of having employed this methodology are explored using
the probable outcome of continued custom software development as a basis for
comparison .

This collaboration between the United Space Alliance (USA) and AP Data Systems
Inc.(an AP Labs company), resulted in software innovations in FM and PCM processing
software as well as general ground station management software. The four technology
transfer submittals for new software innovations resulting from this collaboration are
discussed.



KEYWORDS

Telemetry, Software Development, Collaboration, Project Management or Technology
Transfer.

INTRODUCTION

Daniel Golden, NASA Administrator, in his strategic outlook for 1999 (reference:
http://hq.nasa.gov/office/nsp/outlook.htm) provides a statement of strategic intent for the
agency. In this statement he outlines a three part mission in which “Technology
Development and Transfer” is recognized as a cornerstone of the mission for the agency in
the coming year. This is consistent with the 1999 external assessment (reference:
http://hq.nasa.gov/office/nsp/assess.htm) in which the administration places priority on the
promotion of “high technology for economic growth through effective partnerships”. The
prime Space Flight Operations Contract, SFOC (reference: Contract NAS 9-20000)
awarded to United Space Alliance, section G-14 and G-15 requires the contractor to
provide a portion of the contract funds to small business and to support the “Government’s
Technology Transfer Program”. These statements have served to emphasize the
importance of exploring new ways for NASA and prime contractors to interface with
industry to meet the goals implied. This new project development strategy is an example of
how United Space Alliance is exploring new ways to increase the marketability of
technology developed on the Space Shuttle Program. Particularly technology developed on
upgrade projects for the benefit of small business in the commercial sector while
decreasing Space Shuttle Program development and sustaining costs.

The status quo method employed to develop Space Shuttle ground systems software for
upgrades or replacement projects is to develop custom code using commercial hardware
and compilers. The new methodology explored here involves adopting a software
application counterpart available in industry to provide baseline functionality and
developing additional capabilities required for the upgrade or replacement system in
collaboration with the software vendor. Utilizing this new development method leads one
to the assertions that by leveraging technology available in industry initial software
acquisition cost can be reduced, the time to market for the software product can be
reduced and a superior product can be delivered to Space Shuttle operations. In addition,
the technology developed should be closer to building on the state-of-the-art rather than
reinventing the state-of-the-art, making the technology developed more valuable to
industry and the American public.

In order to evaluate the merits of employing a collaborative approach to system
development United Space Alliance selected a project that was well underway employing
the status quo method to serve as a pathfinder. The Space Shuttle, Record and Playback



Subsystem (RPS) ground stations upgrade project was selected as the pathfinder. The
project had been in development for approximately six years employing the status quo
development methodology prior to it’s selection.

This pathfinder project represents a stress test for evaluation of the method because the
momentum behind software development activities underway will have to be overcome.
The project defined a software development turnaround, for the purposes of evaluation, in
terms of key project management metrics (i.e. cost, schedule and technical). This
turnaround is defined as a 50% reduction in anticipated software development labor and
schedule. The improvement in the technical metric was a little harder to quantify. Two
surveys were performed in order to derive a comparative analysis between the two
methods. Three key technical categories were defined and a turnaround was defined as a
marked improvement in two of the three. The categories were marketability, software
product quality and maintainability. A comprehensive set of attributes were developed for
each category to aid in scoring. These sets of attributes are presented later in this paper.
The first survey was designed to determine the relative importance of the attributes within
each category for the software product. The second survey was performed after software
development was complete and scored the delivered product against the most likely
outcome of continued development on the custom code. The cost associated with the
purchase of the COTS software was converted to equivalent manpower and factored in as
additional software development resource available for custom code development. The
results of these surveys were organized and presented in a Kepner Tregoe decision matrix
for comparative analysis. A marked improvement was defined as a 100% improvement in
absolute score within a category.

DEVELOPMENT METHOD AND VENDOR SELECTION PROCESS

Initially, a detailed estimate to complete the project assuming continued custom code
development was performed which provided a baseline for evaluating the new
methodology. This estimate to complete was based on a functional analysis of the custom
code under development against the functional requirements for the upgrade. Functionality
was divided into three categories for the purpose of this analysis; telemetric, station
management and data product tools. Telemetric functionality was defined as the
capabilities to acquire measurement data from the PCM or FM carriers, route this data to a
location on the ground station, and also capture the data in a file for production of data
products. Station management functionality was defined as the capabilities to setup and
manage data acquisition as well as monitor real time elements status. Data product and
tools were defined as the capability to process the raw data acquired into data products
acceptable to the user. Figure 1 is a summary of this analyses. The entire pie in each
category represents the functionality required for the upgrade in each category. The three
slivers contained in the regions labeled “Functionality Addressed in the Custom Software”



represents capability outlined in the custom code. The two black slivers in this region
represent the capabilities inherent in the first two releases of the custom code. The third
shaded slice in this region  represents capabilities that were outlined but not functional. 
The slices remaining outside the region represents capabilities requiring new development
work to deliver. This means that approximately one third of the telemetric, three quarters
of the station management and two thirds of the data products and tools capabilities
required new development assuming continued development of the custom code. Project
leadership and management derived an estimate to complete for the custom software. This
estimate was based on a detailed knowledge of the functionality required, performance
histories of the developers involved and developer’s estimates. It was estimated that to
complete the custom code would require an additional twenty man-years of productive
software development effort expended over five years with a probable growth of twenty
percent in both manpower and schedule.

An industry survey coupled with a series of product demonstrations were performed to
determine if a Commercial Off The Shelf (COTS) product was available that met the
functional requirements for the upgrade. The survey revealed that no commercially
available software package met all the requirements of the upgrade. There were however
several close functional matches including, Veda Systems, Huerikon, Harris, Metraplex,
AP Data Systems, Avtec and Acromag. Hardware for the upgrade project had already
been purchased and major change to the hardware architecture was seen as cost
prohibitive. As product demonstrations and investigations progressed, it became apparent
that general purpose telemetry software was fairly coupled to the hardware selected when

Figure 1  Evaluation of the Custom Code Revealed Large Gaps in
Functionality
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development began. Of course, anyone can do a port but the challenges associated with
developing additional capabilities concurrent with a port to a new hardware architecture
was an approach deemed to have excessive technical risk. In addition, the vendor selected
had to provide flexibility during development and licensing which will be discussed later.
All of these factors lead to a single viable vendor and product combination. AP Data
Systems wrote VMEwindow to a hardware architecture very similar to the one that was in
storage for the upgrade and provided the flexibility to complete the project. A functionality
assessment, similar to the one performed above, was performed in order to scope the
software development effort required to complete the project. It was estimated that 10% of
the telemetric, 25% of the Station Management and 25% of the Data Products and Tools
capabilities would require new development. An aggregate 58% of the functionality was
missing from the custom code and 20% from VMEwindow. An estimate of 7 manyears
productive software development spent over 1.7 years to augment VMEwindow to meet
the requirements of the upgrade can be derived given the estimate to complete the custom
code. This is consistent with our definition of a software development turnaround and
assumes that USA would develop the additional capabilities without collaboration. A
presentation made to USA and NASA management in December 1998 resulted in an
official go ahead approximately a month later.

COLLABORATIVE SOFTWARE DEVELOPMENT

Collaborative software development started the second week of March 1998. The first
order of business was to train USA developers in the VMEwindow development
environment. The systems engineering performed to identify the system level requirements
aforementioned helped the development team identify gaps in functionality between the
baseline VMEwindow product and the upgrade ground station. Although there were many
minor modifications the collaboration resulted in 4 technology transfer, with innovators
from USA and AP Data Systems. These were submitted to NASA for review. Software
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development was completed the second week in November 1998. These technological
advancements represent modification to existing technology to improve and expand the
capabilities of the baseline product. Figure 3 is a block diagram of the upgrade ground
station architecture and will provide a reference in the following discussions on software
developed and submitted for technology transfer. The hardware architecture consists of
Sun workstations connected to multiple PCM and FM processing VME chassis which use
reflective memory as a real time data transport mechanism. The chassis use a Motorola
processors and SBS Berg Telemetry System cards. The software architecture consists of
the VxWorks operating system, VMEwindow, Matlab, Dataviews, PVWave and new code
developed as a result of the collaborative software development activities described above.
The software products development for the project and submitted to NASA for technology
transfer are described below.

SBUS SCRAMNET INTERFACE FOR VMEWINDOW

A reflective memory network shown in the center of Figure 3 is the primary data transport
vehicle for raw data from the PCM Processors (PCMPs) to the Digital to Analog
Programmable Converters, User and Station Controller workstations. The VMEwindow
ground station telemetry package did not support an SBus SCRAMnet interface required
to get data to the workstations. The challenge was to develop an application using the
VMEwindow development environment that would provide the capability to acquire and
display data at a single SBus workstation from multiple real time telemetry processors with
deterministic and minimal latency. This code also had to be compatible and integrated
within the VMEwindow environment providing the operator with a consistent interface. It
was decided that a derivative work could be produced from the code already available for
interface to the VME version of the SCRAMnet card. It was negotiated that AP Data
System would perform code modification and initial development testing and USA
provided the reflective memory topology, memory offset and data requirements in addition
to concurrent code review, integration, testing.
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Figure 3 Ground Station Overview

STREAM DEFINITION FLAT FILE IMPORT CAPABILITY FOR
VMEWINDOW

This software provides the capability to automatically load telemetry stream definition.
This capability was seen as critical to the design because of the thousands of
measurements that must be loaded to support each mission. Space Shuttle PCM down link,
data location and unit information is contained in a data base. Baseline VMEwindow
provides a manual utility to load this information into a stream definition but did not
provide the capability to automatically load stream definition. The set of software products



developed provide the capability to create an ASCII flat file from an SQL data base and
import this flat file into the stream definition. This capability not only reduces time
required to setup to support a mission but improves the reliability of the software load by
cutting down on input errors. This product prompts for parameters to define a PCM stream
and accepts lists of measurement names read from and existing file and accesses the data
base to create an ASCII flat file. This file contains all of the information necessary to
define PCM stream parameters and populate the stream definition. This software product
then is used to import this flat file into the stream definition.

GPIB BOARD SETUP AND CONTROL FOR FM SNAPSHOTS AND
CALIBRATION

This software provides the capability to setup and control the NI1014 General Purpose
Interface Bus (GPIB) board for specialized Frequency Modulation (FM) functions.
Although a generic GPIB interface capability was available in the baseline VMEwindow
environment, it as not taylored to meet the requirements of the project. The system uses a
Metraplex digital discriminator and a Keithly switcher. The setup and control software
allows individual control of both the discriminator and the switch and automated control of
report generation. The setup functions integrate into the ground station software as a newly
developed VMEwindow icon. Board level control is provided using existing AP Data
Systems driver software. These reports include calibrations and data snapshots. A FM test
signal that shifts the frequency over the bandwidth to represent five levels between -5V to
5V is input to the digital discriminator. The calibration software provides an average of 5
samples at each of these data levels. Once the set is calibrated, a FM snapshot can be
produced providing the average, minimum, and maximum values for a 100 samples of real
time data.

DATEL 622 DIGITAL TO ANALOG DRIVER, SETUP, AND CONTROL

This software product provides the ability to produce thermal array charts of data with loss
of signal event indicators. The driver and control software provides the capability to setup
and control the Digital to Analog (D/A) conversion functions of the board. This capability
was not available in the baseline VMEwindow environment. The setup functions integrate
into the ground station software as a newly developed VMEwindow icon. The control
software provides the capability to select data channels to be output, select event
indicators for edge trace output, scale processing, and calibration functions. The
calibration output is used to verify user setup. The driver software provides the low level
hardware setup and control of the converter card.



COLLABORATIVE SUPPORT, DEVELOPMENT, AND LICENSING
AGREEMENT

There are several challenges facing the successful implementation of a collaborative
method on a project in support of Space Shuttle operations. These challenges stem from
the perception that the ability to support operations is somehow compromised and
substantially changed derivative or new software technology developed in the baseline
environment is not transferable to industry. One of the arguments in favor of in house
custom development of support software is that the developers are often the most qualified
to troubleshoot and repair time critical bugs. A mechanism had to be developed to ensure
that an equal or superior capability would be available after the upgrade. This issue is
addressed by training a set of in house software developers to be certified VMEwindow
developers and providing access to off hour vendor support during critical launch
operations. Rights to the source code for the project was seen as pivotal for the application
of this method. This was due to the volatility of small business in the field of software
development and that in order to support a particular mission the baseline product may
require modification with little or no potential commercial application. Both of these issues
were resolved by acquiring a “Project Buyout License” for the upgrade. This eliminated
the need to escrow source code with a third party and enabled ad hoc modification of the
baseline product for use in the ground station without infringement concerns. Another
challenge was that of combating obsolescence as an ongoing effort and minimizing in
house configuration management requirements. This was addressed in the support
agreement by acquiring special user and developer support. In addition to critical launch
support mentioned above, Critical User Product Support is made available in which
immediate technical attention is paid to a particular user software issue. A product upgrade
cycle is defined in the agreement where the operators are provided changed user
documentation and assistance installing the upgrade. The collaborations were so successful
that special provisions were negotiated to ensure future endeavors would adopt a similar
course. The systems engineering required to enable successful collaboration required that
the interfaces and internal function points be defined to estimate the effort. Provisions are
made to acquire systems engineering participation and assistance to this point. As
mentioned earlier USA has interest in transferring technology to NASA under the
Technology Transfer program particularly for the benefit of small business. Special
provisions were negotiated to secure technology transfer rights because they not only meet
the NASA goal of technology transfer but help lower configuration management costs as
AP Data Systems adds these new capabilities into their baseline product.

FINDINGS

In order to derive a figure for comparison, the actual manpower expended to complete the
software is added to a conservative equivalent manpower representing the additional cost



incurred to procure the COTS software. The resulting figure is 6.6 man-years and when
compared to the estimate to complete the custom code reveals a savings of 13.4 to 17.4
man-years. This figure represents savings in initial software development. When we
conservatively convert these numbers to equivalent dollars we get more than $800K to
$1M in software development labor savings.

The software was declared complete the second week in November 1998. This meant that
the software development actually took eight months rather than the five to six years
estimated to complete the custom code.

Table 1 presents a summary of a comparative analysis designed to determine the relative
technical merit of the delivered software and the most probable outcome of having
continued using the status quo development method. Expert engineering judgment is relied
upon as the basis for this analysis in the absence of formal reliability and maintainability
analyses. The first column of table 1 lists the categories defined to represent technical
merit for the purposes of this analysis. Sub-indentured under each of the three categories
(i.e. Marketability, Software Product Quality and Maintainability) are attributes of the
categories. The second column represents the results of the first survey. This first survey
was sent to manager level and above personnel involved in upgrade or replacement
projects. The survey was designed to determine the relative importance of the attributes
within a category from the perspective of the leadership. The responses from each of the
respondents were normalized and an average value was calculated for each attribute. The third
and fourth columns represent the results from the second survey. This survey was sent to
members of the development team with knowledge of the functionality of the custom code, the
track record of accomplishments during custom development and the functionality of the
delivered code. The respondents were to provide a relative score on the delivered software and
the most probable outcome of continued development on the custom code. The additional
costs associated with the procurement of the COTS software and development was converted
to equivalent manpower and the respondents were asked to make their estimate assuming these
additional resources were brought to bear on the custom software development.  A score of 5.5
was considered neutral. This means that a response of 7 on the delivered software represented
a score of 4 for the most probable custom product. The fifth and sixth columns list the absolute
scores for the custom and delivered product respectively. This figure is calculated by
multiplying the average normalized weight for the attribute by the relative score for the
attribute. These figures are totaled for each category to obtain an absolute relative score for
each of the alternative methods. These relative scores are used for an order of magnitude
relative comparisons and are rounded to the nearest whole number in this presentation.



CONCLUSIONS

Comparative observations are made between the actual project performance and the projected
performance assuming continued development of the custom code. These analyses revealed
that on the project used as the pathfinder for this study, cost and schedule where conservatively
reduced by eighty six percent. This represents a savings of over $800K in software
development labor. It also shortened the development schedule by more than four years. The
technical evaluation of the product delivered summarized in table 1 revealed a marked
improvement in every attribute within all three categories evaluated. Several additional benefits
are discussed including technology transfer, continued collaborative enhancement of the

Table 1 Method Comparison Matrix
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Marketability
Value to Current Customer 7.78 1.67 9.33 13 73
Value to Other NASA Projects 4.70 2.50 8.50 12 40
Value to Industry 2.22 2.67 8.33 6 18
Value to Future Shuttle Customers 6.38 2.00 9.00 13 57
Value to American Public 3.92 4.17 6.83 16 27

Total = 60 215

Software Product Quality
Usability 5.07 2.67 8.33 14 42
Reliability 8.26 1.83 9.17 15 76
Functionality and Versatility 4.57 1.83 9.17 8 42
Extensibility 2.09 1.50 9.50 3 20

Total = 40 180

Maintainability
Training Programs 5.24 2.33 8.67 12 45
Availability of Trained Personnel 3.69 2.83 8.17 10 30
Ability to Enhance Software 5.55 1.67 9.33 9 52
Documentation 3.42 2.00 9.00 7 31
Configuration Management 7.09 3.58 7.42 25 53

Total = 64 211



product and the ability to combat obsolescence. The project exceeds the initial goal for a
software development turnaround defined for the purpose of the pathfinder.
This methodology represents significant improvement over the status quo and should be
evaluated for implementation on future and ongoing NASA software development projects. It
is the authors considered opinion the results warrant forced application of this methodology
where close counterparts are available in industry. Strong close technical counterparts for data
warehousing, recording, retrieval, command, control, data monitoring, network traffic
generation and system administration functions can be found in industry.
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AN AUTONOMOUS SATELLITE TRACKING STATION

Mike Anderson, Peter Militch, Hugh Pickens
AlliedSignal Technical Services

ABSTRACT

In 1998, AlliedSignal Technical Services (ATSC) installed three fully autonomous 13-
meter satellite tracking systems for the Integrated Program Office of the National Oceanic
and Atmospheric Administration (NOAA) at the Command and Data Acquisition Station
near Fairbanks, Alaska. These systems track and command NOAA Polar Orbiting Weather
Satellites and Defense Meteorological Satellites..

Each tracking system operates for extended periods of time with little intervention other
than periodic scheduling contacts. Schedule execution initiates equipment configuration,
including establishing the RF communications link to the satellite. Station autonomy is
achieved through use of a robust scheduler that permits remote users and the System Ad-
ministrator to request pass activities for any of the supported missions. Spacecraft in the
mission set are scheduled for normal operations according to the priority they have been
assigned. Once the scheduler resolves conflicts, it builds a human-readable control script
that executes all required support activities. Pass adds or deletes generate new schedule
scripts and can be performed in seconds.

The systems can be configured to support CCSDS and TDM telemetry processing, but the
units installed at Fairbanks required only telemetry and command through-put capabilities.
Received telemetry data is buffered on disk-storage for immediate, post-pass playback,
and also on tape for long-term archiving purposes. The system can autonomously support
up to 20 spacecraft with 5 different configuration setups each. L-Band, S-Band and X-
Band frequencies are supported.

KEY WORDS

Satellite tracking station, satellite ground station, satellite ground system, satellite ground
terminal, ground segment, spacecraft commanding, autonomous, monitor and control,
scheduling

SYSTEM OVERVIEW

Each system includes a 13-meter elevation over azimuth antenna with a 7 degree tilt and
dual polarization auto-tracking feeds. .The G/T is 19 dB/°K at L-Band, 23 dB/K at S-Band



and 34 dB/°K at X-Band. Transmitter EIRP is 68dBW. The system supports a 1750 to
2120 MHz uplink band. The receive bands are 1670 to 1710MHz, 2200 to 2400 MHz and
7.6 to 8.4 Ghz. The L/S-Band RF subsystem employs a polarization diversity feed with
optimal ratio combining and supports FM, PM, BPSK and QPSK modulation types with
up to 5 MBps data rates. The X-Band feed provides switchable polarization selection and
sufficient bandwidth to accommodate current and future high-rate, remote sensing satel-
lites.

Communications links between the antenna and the operations building for the L-Band, S-
Band and X-Band signals, command and command verification data, equipment monitor
and control, and timing signals are over a fiber optic link.

Each system includes five strings of dual receivers and diversity combiners for L/S-Band
signal processing. The receivers are configured with dual band tuners to cover the required
L and S-Band frequency ranges. Diversity combiners assure excellent performance for all
combinations of RHCP, LHCP or linear signal conditions. Discrete bit synchronizers are
provided, permitting operations personnel to rapidly configure the complete receive proc-
essing subsystem manually should the need arise. A failure of any receiver or bit synchro-
nizer can be easily remedied by substituting a spare unit.

Dual tracking receivers are located in the antenna pedestal. Two receivers provide the re-
quired auto-tracking performance for all receive signal conditions. These receivers are
Datron Universal Track Receivers.. L/S-Band transmit capability is provided by a solid
state transmitter, offering high reliability and simplicity of operations.

The command verification subsystem consists of a directional coupler at the output of the
transmitter to sample any transmitted signals. The sampled signal is mixed down to 230
MHz at the antenna. This signal is received and demodulated by a VME form-factor re-
ceiver for return to the operations building. A signal generator is used as an exciter for
both L-Band and S-Band operations. The generator includes a built-in PRN generator for
system loop-back performance testing.

A digital recorder simultaneously records data from all five receive channels. Both tape
and disk storage is used. The disk allows rapid queuing of data for playback in either the
forward or reverse direction. Real-time and playback telemetry, and real-time commands,
are routed to and from the individual systems automatically under schedule control.

The central feature of this system is that all the equipment described above is monitored
and controlled from a low-cost, high performance workstation. This workstation and the
ground station automation software it executes provide for both local or remote monitor
and control capability, and for fully automated antenna operations. The remainder of this
paper explains what the ground station automation software does and how it works.



GROUND STATION AUTOMATION OVERVIEW

The monitor and control package used to automate the ground station is the Epoch2000
COTS software package from Integral Systems. The software provides all required ground
equipment monitor and control capabilities. All configuration data is managed in an Oracle
ground station automation data base.

The data base allows the ground station to be configured for new satellites and new mis-
sions without extensive software modifications. The station automation software runs on a
Unix Administrative Workstation. The workstation is a Pentium PC running at 200 MHz,
with 128 Mbytes of memory, 2 Gbytes of hard disk storage, plus keyboard, mouse, and a
20" color monitor.

MANUAL CONTROL MODE

Manual control mode provides complete local monitor and control capabilities through a
graphical user interface shown in Exhibit 1. All of the hardware reconfiguration capabili-
ties which can be accomplished via equipment front panel switches can be accomplished
directly at the Administrative Workstation, providing a central point of management for the
entire system. There are several different mechanisms for reconfiguring the hardware using
the ground station automation software directives. First of all, control directives can be
manually typed in directly on the user input line which appears in the header of every dis-
play page on the workstation.

In general, for every equipment control state and system configuration option there is a
corresponding control directive. A directive is simply an ASCII keyword which tells the
system how to reconfigure a given item of equipment. The control directive definitions and
configuration options are defined through the ground station automation database utility,
which is bundled with the standard automation software package. This allows new hard-
ware and new configurations to be added with a minimum of software impact.

The ground station automation software provides an input line for control directives, as
well as tabular and graphical displays for monitoring station status and the station event
log. Directives may also be issued via user-programmable function keys and user-definable
"hot" buttons, reducing the typing required to a single keystroke or mouse click. Directives
may also be issued by dragging the mouse through a series of hierarchical menus organized
by system and subsystem.

On input, the ground station automation software checks each directive for proper syntax,
keyword, and arguments. The directive is then decoded and issued to the hardware for
execution .



Exhibit 1. Sample Ground Station Automation Display

As each directive is input and processed, the software writes it into the station log. The
station log contains a time-sequential list of all significant station activity, including hard-
ware equipment configuration changes, operational mode changes, system status and event
messages, and alarm/event messages. Each log entry is stamped with station time (as re-
ceived via the time code reader in the Admin Workstation) and message source (e.g.,
hardware component, software process). The user interface (see below) supplies a view
window into the station log which can be scrolled backwards and forwards in time, pro-
viding the operators with complete visibility into all of the significant station activities. Ex-
hibit 2 provides a sample display.

All of the equipment status information, as well as the configuration of the software itself,
may be monitored and controlled via the ground station automation software on the Ad-
ministrative Workstation. The M&C user interface provides full adherence to OSF Motif
open systems standards. Our interface follows industry standard design principles to en-
sure ease of use.



Exhibit 2. Scrollable Event Log

The equipment status parameters themselves can be displayed in a variety of formats, in-
cluding ASCII text, graphs, polar plots, bar charts, and gauges. A set of pre-defined dis-
play pages is available to users, and users can easily define their own custom pages. Ex-
hibit 3 provides a sample display for manual antenna control and monitoring.

Exhibit 3. Antenna Control Interface

The Administrative Workstation supports multiple simultaneous local and remote login's
via the SUN Solaris operating system and X-Windows so that multiple workstations can
be used to support operations, both locally at the Fairbanks site and remotely at SOCC
and/or other sites. Each login is a separate X client, running its own copy of the X-
Windows Administrative Interface.



LOCAL AUTOMATED MODE

The ground station automation software provides a built-in procedure language which can
provide fully automatic local operations. In Local Automated Mode, the system operation
is conceptually the same as in Local Manual Mode, with the addition of one key element:
STOL (System Test And Operations Language). STOL is an interpreted procedure lan-
guage hat supports features such as: procedure flow control such as DO-WHILE, IF-
THEN-ELSE, and GOTO, calls to other STOL procedures, directives to the automation
software processes, including directives to configure ground equipment, directives to send
spacecraft commands, arithmetic, logical, and string expressions, calls to built-in functions,
calls to execute UNIX scripts or start software processes, relative and absolute time tags.
Exhibit 4 provides a sample STOL procedure. This high-level language allows automation
of all Fairbanks hardware and software configuration operations.

Exhibit 4. STOL Procedure

STOL is an existing component of the ground station automation software package. Fully
automatic local operations are provided simply by writing procedures for each of the rou-
tine operational activities, such as pre-pass setup, real-time pass processing, post-pass
termination, and offline troubleshooting/diagnostics. The appropriate procedure may then
be invoked by typing in its name, selecting it from a menu list, pressing a designated func-
tion key, or clicking on a hot button.



REMOTE AUTOMATED MODE

The automated ground station provides a complete, built-in scheduling system which sup-
ports fully-automated operations from a remote site (e.g., SOCC). Key features of the
scheduling system include: automatic allocation of antenna coverage across multiple mis-
sions, automatic conflict resolution, automatic pre-pass, pass, and post-pass reconfigura-
tion according to pre-defined database specifications, automatic ingest and propagation of
orbital elements and automatic generation and selection of candidate passes for coverage.
The scheduler supports up to 20 different simultaneous missions (satellites), each with up
to 5 different pre-defined configuration options for support requirements.

There are two basic inputs into the scheduling process: Orbital elements and pass coverage
requests. The orbital elements can be hand entered in any of approximately one dozen dif-
ferent coordinate systems including both the NORAD standard used by DMSP and the
NASA IIRV standard used by NOAA. The system can also be configured to automatically
ingest NORAD or IIRV types from a remote server. The input frequency, propagation in-
terval, remote server domain name, and pathname for the element files are user-
reconfigurable via the database.

The retrieved elements are then be propagated automatically to determine the contact in-
formation (e.g., start time, stop time, max el, etc.) for all possible passes for each mission
supported. This propagation is performed by OASYS (Orbit Analysis System), which is a
COTS package for general orbit support provided by Integral Systems. The orbital analysis
software provides a full spectrum of orbit analysis capabilities, including: orbit determina-
tion, high-fidelity numerical orbit propagation, NORAD SGP-4 semi-analytic orbit propa-
gation, generation of satellite and station geometry reports (e.g., position, velocity, sub-
point, range, Doppler, etc.), generation of satellite and station event reports (e.g., AOS,
LOS) and orbit maneuver planning

The outputs from the orbital analysis software processing consist of sets of tracking ele-
ments for each satellite mission defined in the database. These are automatically down-
loaded to the antenna controller during the pre-pass configuration processing at the start of
each pass. This guarantees that the antenna controller always has the freshest elements
available for antenna pre-positioning and open loop track operations.

The orbital analysis software also outputs a complete set of candidate pass parameters for
all of the supported satellites. This information is used to drive the Pass Selection window,
which is the mechanism for getting the other primary input to the scheduling process;
namely, the user's pass coverage requests. The Pass Selection window shown in Exhibit 5
is accessible locally at the Admin Workstation or remotely (e.g., at SOCC) via X-
Windows. It lists all of the potential passes for all the satellite missions defined in the data



Exhibit 5. Pass Selection Window

base in chronological order, along with the predicted time of Acquisition of Signal (AOS),
Loss of Signal (LOS), and maximum elevation.

The software allows the user to request coverage for single or multiple passes with a click
of the mouse. To request coverage, the user simply highlights the desired contacts with the
mouse and clicks the "Submit" button. Schedule requests are then automatically generated
for those passes and satellites. The user may optionally specify one of up to 5 pre-defined
pass configurations for each satellite's passes for non-nominal or special coverage re-
quests; else, the default configuration for each satellite is used automatically.

Schedule requests are nominally submitted over a 7 day cycle (the cycle is reconfigurable
via the database). Multiple requests may be submitted at essentially any point in the cycle.
Then, at a user-configurable time interval (default 7 days), the software automatically in-
vokes the schedule generation process. This process first builds a timeline of requested
passes. The process input consists of all schedule requests, schedule related database pa-
rameters, and the satellite orbital information prepared by the orbital analysis software.

Each of up to 20 satellites has a unique priority, as assigned by the ground station adminis-
trator in the database. Conflict resolution is then performed on the requests in a strict-
priority basis - that is, the highest priority satellite gets all of its pass requests, followed by
the next highest, and so on. The end result is a conflict-free set of passes for all the satel-
lites which can be accommodated given the current contact geometry.



SCHEDULE EXECUTION

Once conflict resolution has been performed, two output files are created: a Schedule
Summary File and a Weekly Schedule File. The Schedule Summary File is a concise
ASCII description of the weekly schedule, listing all passes and their associated parame-
ters. The Weekly Schedule is also an ASCII file containing STOL-compatible constructs
which can be executed directly by the ground station automation software. This file con-
tains everything necessary to execute automatically for an entire week, including calls to a
standard library of STOL procedures. The procedure library encapsulates frequently per-
formed functions, e.g., standard ground equipment setup, pre-pass configuration se-
quences, etc. Most of the weekly schedule directives are calls to procedures in the STOL
procedure library - the same STOL library procedures used in the Local Automated Mode
described previously. Thus, the weekly schedule is more concerned with 'what to do',
leaving the 'how' to procedures in the library. This allows implementation details of a par-
ticular function, e.g., pre-pass setup, to be encapsulated within a procedure. Any changes
to how that function should be performed can then be made in the procedure, without af-
fecting the rest of the system.

Upon completion the new schedule is logically appended to the old schedule, ensuring
continuous operations with no gaps at the overlaps (the append is "logical" rather than
physical to keep the cumulative schedule file from growing arbitrarily large). Once the
schedule is created, it may be inspected through a dedicated schedule display window (ei-
ther locally or remotely via X-Windows). The schedule window also allows authorized us-
ers to manually modify the schedule in several ways, including: addition of new passes in
the gaps between the scheduled passes, cancellation of a scheduled pass and modification
of pass parameters (start and stop times, specified database configuration). These capabili-
ties are provided to support non-routine operations and anomalies and are not necessary in
normal automated operations.

Schedule execution is normally be continuous and automatic, requiring no operator inter-
vention. The system transitions autonomously between satellites and passes. A typical pass
scenario is as follows (all times and events are reconfigurable):

• At two minutes prior to the start of a pass, the weekly schedule issues directives
to bring up a new stream configured for that pass. As part of this operation, a
database flat file is read into memory that contains all parameter values for the
spacecraft and selected configuration option. A new log file is also opened,
which contains all events for the pass.

• At T-1 minute, a STOL procedure is invoked to point the antenna. Software in-
voked by this procedure makes use of the antenna mask parameters stored in the
database, so that antenna elevation is maintained at or above the mask. The sys-



tem then configures all of the equipment and the data communications paths per
the database specification. If a database parameter indicates that uplink com-
manding is required, then at T-1 minute a STOL procedure turns on the trans-
mitter and begin sweep acquisition which continues until spacecraft transponder
lock is detected.

• Once the satellite crosses the predicted elevation masking point, the Antenna
Subsystem begins automatic tracking. At AOS, the system begins downlink ar-
chiving on the digital recorder. At LOS, the system ceases irradiating, terminates
the recorder session, reconfigures the equipment to standby mode, and closes out
the contact log.

For emergency situations, the ground station automation software provides the system ad-
ministrator with a method for suspending the current schedule, and running an unscheduled
pass. This can be done through the standard user interface. Through this interface, an ad-
ministrator can view schedule directives being executed, pause a schedule, bring up a new
satellite database and reconfigure ground equipment, run part or all of other STOL proce-
dures, enter directives manually at the keyboard, and resume a schedule at any point.
Again, this can be accomplished either locally at the Admin Workstation or remotely via
X-Windows.



PHOTONIC REMOTING OF THE KWAJALEIN MISSILE
RANGE POST IMPACT TELEMETRY SYSTEM
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ABSTRACT

This paper describes the design, configuration, testing, and performance of a Fiber
Optic Link used to transmit the signals from a remotely located S-band telemetry system
to the main facility at the Kwajalein Missile Range (KMR). This fiber optic system
demonstrates for the first time the feasibility of linking RF data from multiple antennas
via a single fiber and over a nearly 100-km distance. Measured data of key link
parameters such as gain, bit-error-rate, crosstalk, phase and gain stability, dynamic range,
and noise figure are presented.

KEY WORDS

Fiber Optic Link, RF Remoting, Long Distance Remoting, Wavelength Division
Multiplexing, and Multiple Antenna Remoting.

INTRODUCTION

The Kwajalein Missile Range (KMR) is executing an advanced modernization and
remoting program that will benefit both the government and range users. The primary
objective of this program is to reduce operating cost while continuing to meet range
user's growing requirements. This objective will be reached by: (1) replacing obsolete
high maintenance equipment with modern substitutes capable of fulfilling current and
future customer needs, and (2) automating and remotely operating radar, telemetry and
optics assets that are in remote locations. Consequently, logistics support requirements
will be reduced by minimizing the personnel needed in the remote locations. This paper
describes a fiber optic link that has been developed to remotely operate the KMR Post
Impact Telemetry System (PITS), a telemetry receiving system on the remote island of
Gagan.



POST IMPACT TELEMETRY SYSTEM

The Post Impact Telemetry System (PITS) is one of the KMR systems that are being
modernized and remoted. The primary role of PITS is to acquire and record telemetry
data that reflects the health and status of reentry vehicles from shortly before, until
shortly after, the impact event. As depicted in Figure 1, PITS is located on Gagan Island
nearly 65 km northwest of Kwajalein, where the geometry is most advantageous for
collecting the impact data.

Figure 1. KMR Post Impact Telemetry System



The current PITS configuration utilizes three non-tracking S-band disk-on-rod antennas
located on a 220-ft tower, as illustrated in Figure 1. The beam width of each antenna is 15
degrees. During reentry mission tests these antennas are oriented in azimuth to cover the
reentry vehicles impact. The impact areas are typically located east or west of Gagan
Island. During the last 4-5 seconds of the flight, each PITS antenna acquires the telemetry
signal centered in the 2.2-2.3 GHz band that is transmitted by the reentry vehicle. On
receive, each antenna produces two orthogonally polarized (RHC and LHC) RF signals.
Thus a total of six RF signals are produced from the three antennas. As depicted in Figure
2, the received signals are filtered, amplified (via a Low Noise Amplifier), and then
routed through nearly 1000-ft of RF cable to the building that houses the RF receivers
and recording devices. Line drivers with 40-dB of gain are included to compensate for
the losses of the RF cable. The received data are then processed and recorded.

Figure 2. PITS block Diagram prior to remote operation

To operate and maintain this system, telemetry personnel are currently transported to and
from Gagan by way of 40-minute daily helicopter flights. Their presence is required to
maintain the receivers, combiners and recorders currently in place. In an effort to cut the
logistics support cost the high-maintenance equipment is being moved off Gagan, leaving
only the antennas and the amplifiers that are needed to receive the signals. The signals are
then transmitted at RF by a fiber optic link (FOL) between Gagan and Kwajalein where
they are received and recorded. This link consists of an optical transmitter and an optical
receiver linked by a span of a single-mode optical fiber. The latter is already in place and
is a part of the existing Submarine Fiber Optic Transmission System (SFOTS). The
SFOTS network is a series of point-to-point links that form the intra-atoll communication
system that serves all ten KMR instrumented islands.
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FIBER OPTIC LINK

During the past decade, fiber optic links have become increasingly popular in many
applications. This is because fiber optic links are architecturally simple, easy to design,
and provide a reliable, high capacity link for voice, data, and video traffic. In the area of
radar [1], telemetry [2,3] and communications [4] many FOL applications have been
reported. In these applications the FOL is used to remote the operation of a single channel
over relatively short distances. The following sections describe a fiber optic link capable
of remoting up to four dual polarized antennas located nearly 100 km away. Figure 3
displays the placement of the FOL relative to the PITS equipment.

Figure 3. PITS with remoting fiber optic link.

Requirements

The FOL that connects Gagan with Kwajalein must meet several requirements. For
instance, this link shall be able to support data transmission from Gagan to Kwajalein.
The range span between the two islands is 92-km. Future KMR remoting requirements
may require data transmission from Roi to Kwajalein thus covering a distance of nearly
110-km. Accordingly, the fiber optic system must be designed to operate without
degradation over a path length of 110 km.
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Furthermore, the link must be able to support simultaneously up to eight RF signals. Each
RF signal could be centered anywhere in the 2200-2400 MHz frequency band with an
amplitude ranging from  –127 dBm to –57 dBm. Additionally, signals from orthogonal
polarizations are coherently combined at the RF receivers and hence several
specifications are present to ensure that this can be accomplished. Gain variation between
two channels from the same antenna shall not exceed 0.5 dB. The relative gain drift
between two channels from end-to-end shall not exceed 0.2 dB/minute or a total of 0.5
dB over a 15-minute period. Additionally, the end-to-end phase change between two
orthogonal polarizations from the same antenna on the same link frequency shall not
exceed 10 degrees/minute.

The requirements also specify channel-to-channel interference. The crosstalk or
electromagnetic coupling between orthogonal polarizations from the same antenna on the
same link frequency shall not exceed –20 dB. Crosstalk between signals at different link
frequencies, separated by 10 MHz or more, shall not be more than –30 dB. The third
order intermodulation product resulting from transmitting, on the same channel, two
simultaneous signals separated by 1 MHz or more shall not exceed –25 dBc.

The final design goal is to minimize the amount of equipment required at the remote
locations without degrading data quality and while retaining operational flexibility.

Design and Architecture

An important requirement of the FOL is to have the ability to transmit from Gagan to
Kwajalein, over a single fiber and without degradation, up to eight S-band RF signals. To
meet this requirement the FOL was designed to operate in the third transmission window
of single-mode fiber, around 1550 nm, where fiber losses are low (about 0.2 dB/km) and
where Erbium Doped Fiber Amplifiers (EDFA) work well. Additionally, a relatively new
fiber optic technology known as Wavelength Division Multiplexing (WDM) enables the
user to multiplex multiple optical carriers over the same fiber, thus permitting a dramatic
increase in bandwidth. Figure 4 illustrates the application of WDM in a two-channel
FOL. As shown, the RF signal (in each channel) to be transmitted is fed to the input of a
Mach-Zehnder optical modulator (MZM), which amplitude modulates the optical output
of a single-frequency diode-pumped solid-state laser. The laser diodes produce optical
signals at specified wavelengths matched to the WDM. The RF modulated optical signals
are then wave division multiplexed (i.e. combined) and coupled into the single-mode
optical fiber for transmission. On the receive end, a demultiplexer separates the
transmitted wavelengths and routes the sorted individual optical signals to their
corresponding photo-detectors. The detected RF signals are then sent to the proper RF
receivers for further processing and recording.



                                        E/O Transmitter

O/E Receiver

Figure 4. A wavelength division multiplexed fiber optic link.

To compensate for the combined insertion loss of the modulator, the detector, the optical
fiber, and the multiplexers an Erbium Doped Fiber Amplifier (EDFA) is used. The EDFA
helps in retaining the system low noise floor and high dynamic range. This device
amplifies the incoming light beam and provides a high gain near 1550 nm when pumped
in one of several absorption bands.

Figure 5 displays photographs of the FOL transmitter and receiver that were designed and
built to remote the PITS operation. The bare single-mode fiber spools shown in Figure
5(a) are used to test the link during the development phase of the hardware. This 100-km
span of bare single mode fiber (SMF) simulates the remoting distance between Gagan
and Kwajalein. The EDFA, displayed with the receiver in Figure 5(b), has 40-dB of gain
and operates in the 1520-1575 nm band. When activated (within the link) this optical
preamplifier operates with 27.5 dB of gain. The remaining components of the link are
depicted in the schematic diagram of  Figure 6, which illustrates the flow of RF signal
through the FOL from end-to-end. Electrical parameters for each of the component are
also listed. The RF link gain is determined from these parameters using the following
expressions [5],

G_link = 20log( ηmod ηdetector) – 2 Loptical + Grf

where,
Loptical = Lmux + Lfiber – GEDFA + Ldemux

W
D
M

W
D
M

Laser

Laser Modulator

Modulator

λλ1

λλ1 + 200 GHz

RF IN

RF
λλ1

λλ1 + 200 GHz

Couples together different
wavelengths then
combines them for
transmission

Transfer of multiple
optical carriers over
same span of fiber

Laser signals produced at
specified wavelengths and with
nominal spectral line spacing
between them



and ηmod is the modulator efficiency, ηdetector is the detector responsivity, Loptical is the
optical insertion loss, Lmux is the multiplexer optical insertion loss, Lfiber is the fiber loss,
GEDFA is the EDFA gain, Ldemux is the demultiplexer loss, and Grf is the RF gain
introduced by the LNA and the medium power amplifier. The calculated end-to-end gain
of the built FOL, using a 100-km span of SMF, is 31.5 dB.

 Bare Single Mode Fiber

     (a) Optical Transmitter    (b) Optical Receiver

Figure 5. FOL Transmitter and receiver

Figure 6. Schematic diagram of the FOL
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Performance

Performance testing of the FOL was carried out at three levels (1) subsystem testing, (2)
post-installation full system testing, and (3) operational testing. First, the FOL was tested
with the SFOTS fiber cable linking Gagan with Kwajalein. This cable is about 92 km
long and it consists of three segments spliced together. The end-to-end gain for this
configuration, and other key link parameters, were measured during this test and found to
be consistent with the bench test results shown in Figure 7. The bench test data were
collected on Kwajalein using a 100-km long bare SMF. The measured average gain,
during the subsystem test, was 31.7 dB (over the 2.3-2.4 GHz band) which is in excellent
agreement with the bench test results shown in Figure 7. The channel-to-channel
crosstalk characterized in each channel was found to be at least –50 dB. The level of the
third order intermodulation (IM3) product resulting from transmitting, on the same
channel, two simultaneous signals separated by 1 MHz, was measured. As shown in
Figure 8, the IM3 is at least -25 dB below the fundamental signal over 65 dB of the link
dynamic range. The single tone dynamic range of the FOL is 75dB; this is determined by
the1-dB compression point of the pre-amplifier.

Figure 7. FOL Measured gain characteristics
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Figure 8. FOL measured dynamic range intermodulation distortion

In the second test, the FOL was integrated with the PITS components and an end-to-end
full system characterization was performed on each channel. Calibrated test signals with
known power levels and 1 MHz bandwidth were injected into the PITS front end, just
prior to the band-pass filter, as illustrated in Figure 2. The system response was then
recorded on Gagan (the baseline response), prior to transmission over the FOL and also
on Kwajalein after travelling over the FOL. The Kwajalein data was compared with the
Gagan baseline data. An end-to-end gain of 44 dB was measured in the Gagan-to-
Kwajalein system compared with 34 dB in the baseline Gagan system. The link data
quality was characterized by performing a bit-error-rate test by injecting a 100 kHz NRZ-
L PCM/FM signal and then receiving with a standard bandwidth of 500 MHz. To achieve
a 10-5 BER it was determined that the required signal-to-noise ratio is approximately 14
dB. A similar BER result was obtained for the baseline system. The system sensitivity
was ascertained by determining the antenna gain to receiving system noise temperature
ratio (G/Ts). The G/Ts of the FOL-remoted PITS was found to be –6.5 dBi/K, about 1 dB
higher than that of the baseline system. This improvement is realized due to better gain
distribution in combination with the low noise figure of the FOL. Finally, the time delay
introduced by the FOL was measured and found to be 461 microseconds. The measured
delay is within one microsecond of the theoretical prediction of 460 microseconds, which
is based on 5 picoseconds of time delay per 1 mm of fiber.

The third level of performance testing involved data collection during two reentry tests in
which post-impact telemetry data was collected and recorded by the baseline system in
parallel with the FOL system. Figure 9 displays post-impact telemetry data recorded
during one of the reentry missions. The left-hand curve represents the 450 microseconds
of post-impact data that was recorded on Gagan. The right-hand curve shows the FOL
remotely collected data. Apart from the 461 microseconds in time delay, the two curves
are practically identical and can hardly be differentiated from each other. This result
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clearly demonstrates that the developed FOL is capable of transmitting the PITS data
without any appreciable degradation.

   (a) Gagan recorded PITS data             (b) Kwajalein remotely recorded PITS data

Figure 9.  Reentry mission post impact telemetry data

SUMMARY

We have successfully designed, built, tested and fielded a fiber-optic link to transmit,
over a single fiber, the RF signals from three remotely located high dynamic range
telemetry systems. The new wavelength division multiplexing technology was exploited
to meet the multiple channel requirements and to take advantage of the relatively
unlimited fiber bandwidth. Thorough bench and post-installation testing was performed
on the link. The measured results show that this link meets, or exceeds, the system
performance specifications in terms of gain, noise figure, crosstalk, dynamic range, and
bit-error- rate for the current link distance of 92 km. The data consistently and
conclusively demonstrate that today’s photonic technology is well suited for long
distance multiple systems remoting.
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ABSTRACT

Asynchronous Transfer Mode (ATM) is a technology that is experiencing tremendous
growth in the commercial telecommunications sector. Leveraging commercial investment
and introducing ATM into today’s flight test range, while ensuring that all requirements
are satisfied, are paying large dividends in capability and efficiency. The flight test
community imposes unique requirements specifically with regards to telemetry that are not
the norm of the commercial telecommunications industry. Efforts are underway at the Air
Force Flight Test Center (AFFTC), Edwards Air Force Base (AFB) to implement an ATM
system for all range communications.

This paper addresses the unique requirements imposed by the flight test community, a
revolutionary breakthrough from a commercial ATM vendor, and other challenges
experienced while implementing this system. The system being implemented at Edwards
will carry all types of range data over SONET/ATM hybrid equipment and interface to
other flight test ranges and facilities over a mix of commercial leased lines and dedicated
microwaves.
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INTRODUCTION

This paper addresses the implementation of a new range communications system at the Air
Force Flight Test Center (AFFTC) range located at Edwards AFB. As new customers
place increased demands on the range, existing customers are also seeking improved
capability. The Range Division at Edwards has seized this opportunity to increase the
capability of the range communications system, decrease the logistic support, centralize



network management, introduce state-of-the-art technology, and create a more efficient
network capability than previously existed. This paper discusses the requirements and
solutions that were considered during the development of this capability.

REQUIREMENTS

The new communications system must address all of the typical range services, replace
antiquated equipment, improve the level of system interaction, and leverage capabilities of
legacy systems where possible. In addition, the changing nature of the flight test must also
be considered. New programs arriving at the AFFTC are requiring higher bandwidths,
larger geographic areas of coverage resulting in data distribution between Edwards AFB
and remote locations over dedicated microwave systems, satellites, and/or commercial
leased lines.

Typical range services that must be considered for the new system include:
• Telemetry
• Voice
• Time Space Position Information (TSPI)
• Video
• Remote Command and Control
• Uplink
• Range Safety Command and Control Signals
• Modeling and Simulation Realtime Data Exchange

Much of the current equipment and communications techniques used at Edwards is 10 to
20 years old and completely unsupportable. For instance, several obsolete DS-2
multiplexers in use today are transporting telemetry over a DS-3 transmission system
utilizing DS-2 to DS-3 multiplexers. Although DS-2 signals have supporting standards,
they are almost never used in commercial systems and very few vendors support this signal
level. The advantage of DS-2 (6.312 Mbps) is that it provides a capability between T1
(1.544 Mbps) and T3 (44.736 Mbps). The new range communications system will bridge
this gap in technology by providing a new capability to support the mid-range data rates
over very long distances by using commercial lines or satellite links and inverse
multiplexing technology.

One very important requirement for this system is to avoid specialized development for
any specific part of this system. Using commercial products and the associated logistic tail
will significantly reduce the cost of logistic support. This challenging requirement
necessitates a tremendous knowledge of hard requirements versus soft requirements, the
use of legacy systems, introducing new systems, and available equipment and technology
in the commercial marketplace.



IMPLEMENTATION

System Services
The primary goal at Edwards is to provide a single system that can be centrally managed
and provide efficient use of network resources. The network is broken down into three
major categories: Backbone Services, Edge Services, and Network Management. Each of
these system segments is addressed separately.

The first critical decision was to select the core technology. Several technologies can meet
the requirements, but which one will provide the highest efficiency, lowest cost and
longest supportability. The options include a pure Synchronous Optical Network
(SONET), Asynchronous Transfer Mode (ATM) over SONET, or SONET/ATM Hybrid.
The differences between these implementations are the amount of equipment required in
each system and the efficiency of bandwidth used. In a SONET or ATM over SONET
solution, the bandwidth is segregated into distinct channels allocated for use in point-to-
point applications. Bandwidth in a particular channel that is not used is lost. Lost, or
stranded bandwidth, is a sunk cost to the network that cannot be recovered and is a real
cost to the owner.

In addition, the type of network topology selected for use is critical. The three typical
topologies are star, ring, and mesh. The physical plant infrastructure (where cable is
available) will partially dictate the possible topology along with requirements for diverse
routing and fallback switching.

The requirement to provide integrated system capabilities over the local range as well as
the extended range dictates the need for scaleable bandwidth. Inclusion of remote bases,
tracking facilities, and remote data monitoring stations require that many types of
transmission media can be efficiently integrated into the system. A revolutionary capability
is the ability to use inverse multiplexing as a solution to interface facilities together. The
ATM Forum, a consortium of ATM vendors and driving force behind the explosive growth
of ATM, has developed and ratified a specification detailing inverse multiplexing. As
stated above, the use of standards is a paramount factor in the development of the
transmission system at Edwards. Inverse multiplexing along with developments for
telemetry interfaces described below provides a critical capability to the test and
evaluation community.



Backbone Services
The backbone capability provides the core capability to the transmission system. Many
considerations go into the selection of a backbone system. Primary considerations at
Edwards include:

• Efficiency of bandwidth usage
• Diverse routing
• Fallback switching time
• Capacity
• Future supportability
• Network management
• Cost

During the market survey timeframe, Edwards served as a beta trial site for ADC
Telecommunications Cellworx Service Transport Node (STN). The Cellworx provides an
ATM/SONET hybrid backbone capability that has the following benefits:

• Efficient use of bandwidth
♦ Every channel uses only what is required
♦ SONET PATH overhead is available for data

• Diverse Routing
♦ Path Switched Ring

• Fallback switching time is <50 msec
• Capacity

♦ OC-12c (622 Mbps)
♦ Future Upgrade to OC-48c (2.4 Gigabit per second (Gbps)

• Future Supportability
♦ New technology – early in life cycle

• Network Management
♦ Self-contained Network Management Software
♦ Simple Network Management Protocol (SNMP) management capable

• Cost
♦ Comparable to pure SONET backbone solution

Edge Services
The capability of the edge device determines the capabilities that can be provided to the
user community. The edge device should meet the following requirements:

• Modular system for scalability
• Support Standard Network Interfaces

♦ User Network Interface (UNI)
♦ Network Network Interface (NNI)
♦ Physical Layer Interfaces



• OC-3c
• DS-3
• Inverse Multiplexing (N x T1)

• Required User interfaces
♦ Constant Bit Rate (CBR)/Circuit Emulation Services (CES)

• T1
• T3
• RS-530 (N x 56, N x 64)
• Telemetry

♦ Ethernet
♦ Structured T1 (DS-0 visibility and switching from a T1 interface)

Several manufacturers of edge devices can meet most of these requirements. The edge
device of choice for the Edwards range was determined by the ability to switch telemetry
directly over ATM. ADC Kentrox has worked to implement the telemetry interface as well
as supporting the other requirements listed above. The details of the telemetry interface are
described below including performance data.

Network Management
Critical to the operation of any modern system is the ability to control, monitor, and take
corrective action from a central location. Network management provides that capability.
The ability to provision new circuits, remove unused circuits, reallocate bandwidth, check
health and status, and perform general house cleaning of network equipment from a central
location is not a capability that Edwards has had for its range communications network.
The existing system requires trained personnel at every site and a hands-on approach to
system management.

All elements of the new system are capable of remote monitoring and management. The
primary method of accessing the equipment will be in-band. That is, the ability to
communicate with the end devices will be carried over the same lines that are carrying
mission critical data. In case of failure of end equipment or physical line problems, an out-
of-band capability will be provided using dial-up phone lines, modems, and terminal
servers. Therefore, barring catastrophic failure of a facility or hardware failure within a
network element, little or no personnel actions are required to manage the entire network.
Software upgrades and network element backup files can be performed from the central
management station.

Currently, each individual element is managed separately. The Cellworx system as a whole
is one network management element and each AAC-3 is managed separately. The ability
to manage every element as a whole is being investigated.



Telemetry Interface
One critical function of the new transmission system and a driver in the selection of the
ATM/SONET hybrid solution is the ability to transport telemetry over ATM with minimal
stranded bandwidth. The key functional requirement for this capability is the ability to take
an isochronous data stream that may have significant jitter and wander and transport it
through a highly synchronized network. ADC Kentrox tackled this problem in their ATM
Access Concentrator–3 (AAC-3) product. While working with other adaptive techniques
on their interface card, Kentrox provides an unconstrained adaptive interface that allows a
drifting clock to be transported directly over ATM.

The trade-offs of using this transmission technique are noticed in cost, efficiency, delay
and frequency limitations. These trade-offs are compared to the more traditional method of
a DS-3 smart multiplexer carrying telemetry and interfacing the isochronous data stream.

The telemetry interface card is an integrated solution with the edge switch. This card is
capable of transmitting data up to a center frequency of 5.1 Mbps with wander. The
efficiency of a single telemetry stream uses around 13% to 18 % overhead to allow for
frequency wander and ATM overhead. This is in contrast to a 95% overhead for a single 5
Mbps over a full DS-3 smart multiplexer in a SONET or DS-3 system (Note: in a SONET
or DS-3 system a full 45 Mbps is allocated in both directions). The only external
equipment currently required to interface this card is a converter between Transistor-
Transistor Logic (TTL) levels and RS-530. These conversion devices are currently
manufactured in-house and cost a couple hundred dollars for a full duplex four-port
capability. Therefore, the cost of this solution is minimal compared to a DS-3 smart
multiplexer. However, the 5.1 Mbps limitation may require the use of a DS-3 smart
multiplexer for programs with a bandwidth greater than 5.1 Mb/s.

Delay of the unconstrained adaptive clock is handled much differently than a DS-3 smart
multiplexer. In ATM, Cell Delay Variation Tolerance (CDVT) accommodates variable
delays between cells through an entire transmission system. This is the same feature used
to determine the depth of the buffer to allow the clock wander and delay through the
system. If set to low, the clock frequency may jump significantly or risk buffer underflows,
but the overall delay might be lower when operating at very small buffer depths. Empirical
experience has shown that at above 2 Mbps, the unconstrained adaptive solution provides
less delay overall than the DS-3 smart multiplexer. Between 500 kilobits per second (kbps)
and 2 Mbps, the unconstrained adaptive solution is comparable in delay to the DS-3 smart
multiplexers. Below 500 kbps, the overall delay of the unconstrained adaptive approach is
higher than the DS-3 smart multiplexer, but expected to be acceptable in the flight test
scenario.



Table 1 shows delays through the unconstrained adaptive cards on the bench. The AAC-3s
are connected via OC-3c with the data rates shown Table 1 and the CDVT values as
indicated. There are four sources of delay that are worth mentioning. First is the cell fill
delay, which is dependent on the data rate. The slower the data arrives, the longer it takes
to assemble and transmit a single 53 byte cell. Second is the transmission delay from the
source AAC-3 to the destination. This delay is probably the least significant of the four.
Third is the delay in the reassembly process prior to the CDVT buffer. And finally, fourth
is the CDVT buffer delay. This is the delay associated with the adjustable buffer. Table 1
shows the delays in a steady-state mode after the output system has converged on the
center frequency.

Data Rate CDVT Setting Delay (msec)
5 Mbps 2 msec 2.3
500 kbps 5 msec 7.3
256 kbps 10 msec 14.7
120 kbps 10 msec 18.5

Table 1 - Delay Measurements for Telemetry Interface at Various Data Rates

Figure 1 and Figure 2 show two important aspects of a telemetry signal through the
transmission system: frequency stability and frequency variance and absolute delay and
delay variance. These figures show a test running 5 Mbps data through two AAC-3s and a
Fireberd test set generating data and monitoring the return signal. Figure 1 shows the delay
through the system. As can be seen, the delay is converging to a steady-state condition.
After about 1 minute, the delay is below 3 milliseconds for the remainder of the test. In
Figure 2 the frequency is within the +/- .1% from the beginning of the test and within 1
minute is narrowed to +/- 0.01% for the remainder of the test. These values are expected
to be acceptable, but we are continuing to work with the vendor to reduce the delay
variance. The desired goal is a constant delay (minimal or no variance) which means that
the input frequency is perfectly replicated at the output port. Perfect replication of the
frequency is not seen as an absolute requirement, but a frequency variance (+/- 0.1 %)
within IRIG 106 specifications is.

System Performance
Figure 3 diagrams the system that is expected to be in place by the end of 1999. The
Range communications system provides the modularity and capacity to add capabilities
and users as required. The core system provides an OC-12c path switched ring that is
expected to be upgraded to an OC-48c capacity.
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Figure 1 - Delay Measurement through ATM System with 5 MBPS Signal
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Figure 2 - Frequency Stability of ATM Stability with 5 MBPS Signal

Delays measured in the system for most services are in the single-digit millisecond range
end-to-end. Every circuit has diverse routing and <50 msec fallback switching time on the
backbone segment. The edge devices can be populated with only the required user
interface cards. Since the backbone and edge devices are ATM Forum and ITU standard
compliant, other ATM devices can be integrated into the system with little effort.

CONCLUSION

The new range communications system being implemented at Edwards AFB uses new
ATM/SONET hybrid technology supported by an edge switch that supports the
transmission of telemetry as an integrated plug-in card. The overall system provides the
capability to manage the network from a single location, including circuit provisioning,
routing, and troubleshooting. The bandwidth efficiency, scalability, and flexibility of user
interfaces available using ATM provides a real cost savings to ranges by reducing the end
equipment inventory and logistics tail.
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Figure 3 - Future Edwards Range Communication System

One revolutionary application that has resulted from this effort is the ability to add very
remote nodes as an integrated element of the Edwards Range network while utilizing very
high bandwidth efficiency. The use of inverse multiplexing, the ability to combine several
relatively inexpensive T1s together to form a single stream, offers an integrated extended
range capability. The extended range capability provides a cheaper method of extending a
geographical range and can provide the ability to exchange data with a contractor facility
at locations remote to the test range.
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ABSTRACT

The Edwards Flight Test Range is a part of 20,000 square miles of DOD airspace (R-
2508). A hypersonic air vehicle traveling above Mach 3 can easily exceed that airspace
within seconds. An Unpiloted Autonomous Vehicle can exceed the airspace when flying
long duration missions. To satisfy the flight-test requirements of Hypersonic Air Vehicles
and Unpiloted Autonomous Vehicles, additional airspace and extended test ranges are
required. The Air Force Flight Test Center and Dryden Flight Research Center at Edwards
Air Force Base, California have mutual goals to support these flight test programs. To
meet these goals, the Extended Test Range Alliance was formed as an engineering and
operations team to satisfy program requirements in the areas of telemetry, flight
termination, ground communications, uplink command, and differential global positioning
systems. This paper will discuss the resources and technical capabilities available through
the Extended Test Range.

KEY WORDS

Extended ranges, hypersonic air vehicles, unpiloted autonomous vehicles (UAV),
telemetry, radar, uplink, flight termination, and Differential Global Positioning System.

NOMENCLATURE

AFB Air Force Base
AFFTC Air Force Flight Test Center
DATS Data Acquisition Transmission System
DFRC Dryden Flight Research Center
DGPS Differential Global Positioning System



DOD Department of Defense
EAFB Edwards Air Force Base
ExTRA Extended Test Range Alliance
GPS Global Positioning System
IM Integrity Monitor
NASA National Aeronautics and Space Administration
RMCC Ridley Mission Control Center
UAV Unpiloted Autonomous Vehicle or Uninhabited Autonomous Vehicle
UCAV Unpiloted Combat Autonomous Vehicle
WATR Western Aeronautical Test Range

INTRODUCTION

The evolution of flight testing of air vehicles has progressed considerably since the Wright
Brothers first flew at Kitty Hawk, North Carolina. In the experimental spirit of the Wright
brothers, Edwards Air Force Base (EAFB) and NASA Dryden Flight Research Center,
located on the western edge of the Mojave Desert in California, continues to explore the
unknown. There are 20,000 square miles of airspace accessible in the R-2508 airspace
complex. This airspace is used by military and civilian research activities to test state-of-
the-art aerospace vehicles.

Within the vicinity of Edwards Air Force Base (EAFB) (Ref. 1), the Air Force Flight Test
Center (AFFTC) operates the airspace as a major test range. Low and high altitude
supersonic flight profiles can be supported over land, from the surface to unlimited
altitudes. Range data at the AFFTC is centralized at Ridley Mission Control Center
(RMCC). Data from telemetry, flight termination, and radar are sent back to the RMCC to
be processed at several mission control centers or transmitted to other processing centers.
There is considerable airspace and resources available for flight-testing of conventional air
vehicles within the immediate area.

The National Aeronautics and Space Administration (NASA) - Dryden Flight Research
Center (DFRC) (Ref. 2) is a tenant organization at EAFB. DFRC is NASA's Center of
Excellence for flight test of civilian and military research air vehicles. NASA/DFRC is on
the cutting edge of development for hypersonic technologies. DFRC manages its range
resources under the Western Aeronautical Test Range (WATR). Their resources include
radar, telemetry, uplink, flight termination, and differential global positioning systems
(DGPS). Multiple mission control centers provide real-time analysis and display of critical
aircraft data. With these range resources, DFRC uses the Edwards airspace for flight test.



This paper will describe the resources and technical capabilities of the new Extended Test
Range that has been designed and built to accomplish NASA’s access to space and
Unpiloted Autonomous Vehicle programs.

NEW PARADIGM

The normal limit of operations, within the R-2508 airspace, is flight-testing that doesn’t
exceed Mach 3 (3 times the speed of sound). The R-2508 is fully instrumented with
tracking radars and telemetry receiving stations to monitor these types of flight tests. For
those programs that do exceed the limits, the flight tests normally are conducted over
water such as the Eastern Range at Patrick Air Force Base, Florida or the Western Range
at Vandenberg Air Force Base, California.

Flight-test of reusable launch vehicles and hypersonic test vehicles can traverse R-2508
airspace within a few minutes. For unpiloted autonomous vehicles (UAV) and unpiloted
combat autonomous vehicles (UCAV) that fly for extremely long duration, the 20,000
square miles of R-2508 airspace is not big enough to fully test these new vehicle’s
capabilities. The other major requirement for these air vehicles is to recover the air
vehicles by landing; normal operation would be to flight test over water with no planned
recovery of the vehicle.

The new paradigm is an extended test range that allows unpiloted aerospace vehicles to be
launched at one base and land at another distant base, with continuous monitoring of the
vehicle throughout its flight. The extended range capabilities are similar to those
established for the X-15 program (discussed below), and now meet the requirements of
unpiloted vehicles (Ref. 3).

HISTORICAL PERSPECTIVE OF EXTENDED RANGES

In the past, programs such as the X-15 took advantage of an extended range that included
Nevada and Utah (Ref. 4). The range data was received at the remote range and sent back
to Edwards AFB using North-Data Acquisition Transmision System (DATS), a microwave
system from the Utah Test and Training Range through Nevada to Edwards AFB. The
mission left Edwards and released from a B-52 in Nevada or Utah and then landed at
Edwards AFB. The X-15 was flown over a period of nearly 10 years -- June 1959 to Dec.
1968 -- and set the world's unofficial speed and altitude records of 4,520 mph (Mach 6.7)
and 354,200 feet in a program to investigate all aspects of manned hypersonic flight and
atmospheric reentry.

The Air Force has also flown cruise missiles from Vandenberg AFB to the Utah Test and
Training Range (Ref. 5). These missiles were flying sub-sonic with a chase aircraft



following to provide range safety. A piloted versus an unpiloted air vehicle makes the
difference between using a range safety system onboard the vehicle or not. The
communication links to support the test program connected Vandenberg AFB, CA to
Pacific Missile Test Center at Point Mugu, CA to Edwards AFB, CA including China Lake
Naval Weapons Center, CA and Nellis AFB, NV ending at the Utah Test and Training
Range, UT.

Figure 1: Range Interconnect and the New Extended Range

More recently, communication links to support an extended test range only included
Vandenberg AFB, CA, The Pacific Missile Test Center, Edwards AFB, CA, and China
Lake Naval Weapons Center (Ref. 6). The communication links are required to transmit
data from intermediate tracking sites back to the control rooms, normally at the launch site.
Figure 1 shows the currently existing links between the coast and China Lake, as well as
the new links discussed in this paper.

EXTENDED TEST RANGE ALLIANCE (EXTRA)

The Extended Test Range Alliance (ExTRA) was a natural result of the alliance between
the Air Force Flight Test Center and Dryden Flight Research Center. The AFFTC and
DFRC alliance was formed between the General and the Center Director to optimize
resource usage on Edwards Air Force Base. ExTRA combines the range engineering
resources of both Centers in the areas of telemetry, radar, flight termination, and uplink for
programs that require coverage beyond the boundaries of R-2508. Significant effort was
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put into extending the current range northward, across Nevada, to the Utah Test and
Training Range.

The combination Department of Defense (DoD) and NASA centers, provides the ability to
reach out to other DoD military bases and NASA centers for support. For example, the Air
Force Space and Missiles Systems Center located at Albuquerque, New Mexico operates
and maintains several uplink/downlink telemetry systems capable of tracking missile
launches. NASA’s Goddard Space Flight Center located at Greenbelt, Maryland has many
capabilities such as modeling software and network contracts to name a few. Wallops
Flight Facility provides mobile range support for sounding rockets and orbital launches.

TECHNICAL CAPABILITIES

The technical capabilities of the extended test range were a result of the requirements from
NASA’s access to space programs, and other unpiloted autonomous vehicles. The
technical capabilities of the extended range are described in terms of each system’s
functionality and its performance. Information is provided to determine how the extended
range can support other unique, long range programs. The extended range consists of a
network of range systems, geographically dispersed to provide continuous coverage of a
vehicle in flight. The range systems include: tracking radar, telemetry stations, uplink
command stations, differential GPS, range safety command systems, and voice and data
communication networks. The network of range systems is designed to support orbital,
suborbital, and high altitude unpiloted autonomous vehicles. Several video capabilities
exist, but will not be discussed in this paper. They include ground based long range optics
and reception of downlinked video from the flight vehicle.

RADAR

The tracking radar network is used to provide continuous monitoring of the vehicle’s
position and velocities. AFFTC/DFRC has access to radars located over all of Southern
California, Nevada and Utah. The network of California radars began with the need to
track the Space Shuttle during reentry. The network has recently been expanded to include
Nevada and Utah for NASA’s access to space programs. The tracking radars sample the
vehicle’s position up to fifty times per second. Table 1 provides a list of the radars and
their technical capabilities. In addition to providing vehicle position, the radar data is used
as an aid to point other high gain range systems towards the vehicle. In order to increase
accuracy, the flight vehicle uses an onboard beacon.



Location Name Type Power Data rate Beacon
/Skin
tracking

Max. Range
With Beacon

Dryden RIR 34 Range
Instrumentatio
n Radar, 716C

1 megawatt 20 hz Both Horizon to
horizon with
orbital vehicle

Dryden RIR 38 Range
Instrumentatio
n Radar, 716C

1 megawatt 20 hz Both Horizon to
horizon with
orbital vehicle

Nevada MPS-36-5 FPS –16 1 megawatt 20 hz Both Same
Nevada MPS-25-1 FPS –16 1 megawatt 20 hz Both Same
Utah TPQ-39 FPS –16 1 megawatt 20 hz Both Same
Utah WFF Radar-

11
RIR 778C 1 megawatt 20 hz Both Same

Table 1:  Radar Technical Capabilities

TELEMETRY

The extended telemetry network provides ground operators and engineers either vehicle
data or video. Telemetry, like all the range systems, provides continuous coverage over the
vehicles flight path. The telemetry data is received and then transmitted to mission control
centers, operations center, and the range safety officers. Two important steps must be
considered in the telemetry network. First is the data rate at which the telemetry can be
received and secondly the rate at which it can be transmitted over ground or satellite links.
Each telemetry site can receive data up to 10 megabits/sec. Table 2 provides a list of the
telemetry systems and their technical capabilities. Currently the telemetry data
transmission rate from California to Utah is limited to a T1 rate of 1.544 megabits/sec.
However, today’s data communication technology can easily meet increased data rates
required by most program requirements.

Location Name Dish
Diameter
(ft.)

Polarization Fixed/Mobile Bit Rates Max. Range
With 10 W
Transmitter

Dryden Triplex 23 RHCP/LHCP Fixed At least
10 mbs

Approx. 240
nm.

Edwards
AFB

Shadow
Mountain

8 RHCP/LHCP Mobile At least
10 mbs

Approx. 100
nm.

Utah Dryden 9
meter

30 RHCP/LHCP Fixed At least
10 mbs

Approx. 240
nm.

Utah Dryden
Mobile
System

6 RHCP/LHCP Mobile At least
10 mbs

Approx. 100
nm.

Table 2:  Telemetry Technical Capabilities



UPLINK COMMAND

Vehicle uplink command systems are usually unique. Most vehicles come with a uniquely
designed uplink command system, primarily because of a lack of standards. In the case of
the extended range, a standard uplink system provides commands to the vehicle from
Edwards AFB to Utah. The uplink network can provide data rates up to 256 kilobits/sec.
High data rates like these allow for real-time remotely piloted vehicles and the ability to
provide outer loop, guidance software, on the ground.

DIFFERENTIAL GLOBAL POSITIONING SYSTEM

Differential Global Positioning System (DGPS) data is essential to provide accurate
position corrections to unpiloted vehicles for runway landings. The Extended Test Range
has developed a DGPS system, based on enhancement to the US Coast Guard systems, to
provide accurate, reliable information to the vehicle for landing. The DGPS system was
designed to meet the requirements of the X-33 vehicle. Figure 2 shows the overall design
and capabilities of the DGPS system. Accurate corrections are provided by using highly
accurate DGPS receiver stations. Reliability is provided in two ways. First, each receiver
station is monitored by a special DGPS receiver called the integrity monitor (IM). The IM
monitors the output of the primary receiver and detects errors in corrections and
corrections rates, for example. The second level of redundancy comes for a second pair of
receivers and integrity monitors. In the event of total failure of the first system, the second
system provides corrections.

RANGE SAFETY

Public law, DOD and NASA regulations require that aerospace vehicles must pose a
negligible risk to public safety. To meet the ranges safety requirements, a range safety
command system, commonly referred to as a flight termination system, is used. The range
safety command system consists of a network of ground command sites and an onboard
termination system. The onboard system must be designed to put the vehicle into a known
state, giving a predictable flight path and impact point. All the western ranges from the
Pacific Missile Test Center to the Utah Test and Training Range use standardized
command systems. The Extended Test Range provides a network of standardized
command systems with the ability to monitor ground systems and command a termination ,
from one central location. As with all the systems, the range safety command system is
designed to provide coverage for orbital/suborbital aerospace vehicles and high altitude
UAVs.



Figure 2: DGPS Station Design

VOICE AND DATA COMMUNICATIONS

The final Extended Test Range capability is the voice and data communication network
which ties all the sites together. The network uses ground based communication circuits,
called T1s, added to the DOD communication capabilities discussed earlier, Figure 1. All
of the systems described above communicate over this network to provide radar,
telemetry, and other data. Voice channels are also provided for communications during
operations and mission support. Diversity routing and independent end equipment makes
for a very robust system.

CONCLUSION

A historical review of the extended ranges shows how major steps in aeronautics and
weapon systems results in expanded ranges to meet program needs. The resources and
technical capabilities of the latest extended test range provide an extensive network of
systems designed to meet the emerging requirements of aerospace and unpiloted research
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vehicles. The range resources are provided by various experienced Government agencies
with the technical capabilities to support their demanding missions.
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ABSTRACT

Visions of future airborne data acquisition systems include the “network in the sky”
concept where a test or training participant logs on to the range network, just like today's
computer users on the ground log onto the local area network (LAN). Through two-way
telemetry links, the test or training participant seamlessly becomes a node in the range
network. Thus, easily sharing data with event controllers and other airborne, ship-,
ground-, and space-based network nodes. Such a network would allow the conduct of
highly integrated test/training scenarios involving virtual and real participants without
requiring physical proximity. This technology has a high payoff for the warfighter,
making it a desirable objective of present and future DoD-funded development of data
acquisition systems.

This much-anticipated, future state-of-the-art in data acquisition will require extensive
changes from today's test/training instrumentation architecture. Based on technology that
is currently emerging for computer networks, this paper describes an evolutionary path
for data acquisition systems to follow in order to achieve the anticipated bandwidth
required for future bandwidth-intensive applications like the network in the sky. New
networking paradigms, like Sun's Jini™ project, point the way to impressive usability
with dramatically lower costs and network administration in the near term for ground-
based networks, but they require support for just-in-time delivery of software “drivers”
and other applications. These need gigabit network speeds to be viable. If this and other
new networking technology is to be transferred to the test/training domain, bit rates will
require two orders of magnitude improvement from today's 10-megabit range.



This paper explores the technological and political telemetry issues that must be
addressed before there can be a network in the sky (or anywhere else).

CURRENT INSTRUMENTATION SYSTEM ARCHITECTURE

The current state of the art in airborne data acquisition is the Common Airborne Instrumentation System
(CAIS). The CAIS uses a point-to-point network model where external data sources (sensors and data
buses on the test/training vehicle) are connected to specially designed remote units. These remote units
are data collection points for samples from the sources which store the samples in internal memory. The
master instrumentation unit (called the control unit) broadcasts a request for a specific sample from a
specific remote unit on the command bus. The remote unit responds a set period later with the sample on
the response bus. The control unit outputs the data in a synchronized stream which is typically pulse
code modulated (PCM’d) to the ground. The ground-based instrumentation support system
decommutates the data (telemetry data processor), computes engineering unit values (server), and
displays data using a local network (Figure 1). This basic telemetry network architecture has remained
substantially unchanged since the 1970s.

Figure 1: A Simple Point-to-Point Instrumentation Network

The main difficulty in managing instrumentation networks like the CAIS is maintaining
configuration control. There are redundant sensors and patch panels so the
instrumentation operations engineer needs to note and carefully manage connection
changes. In addition, remote unit programming includes setting up appropriate signal
conditioning algorithms and parameters for each analog input channel, and deciding on
memory maps for each bus message set. Making sure the right sensor is connected to the
correct signal conditioning card with the correct settings, or that the desired bus message
words are captured in the correct remote unit memory address, can be a real challenge,
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especially if there are several hundred analog sensors or several thousand bus messages
on a particular test article.

To further complicate matters, programming of the remote and control units depends on
the user maintaining instrumentation network configuration externally since there is no
self-description mechanism in this architecture. Keeping all the information about the
network configuration is just part of the information management challenge. In addition,
specific information describing every instrumentation sample and how samples are
processed into measurands (the physical quantities and bus data, in engineering units,
being measured on the test article) must also be maintained and effectively distributed to
downstream data processing nodes. Additional problems include: the airborne network
connections require large wire bundles and extensive installation efforts; remote units are
not easily added or removed; sensor calibration requires extensive manual effort; and
possible removal and replacement of the sensor.

CONVERGENCE WITH COMPUTER NETWORKS

If we think of this telemetry architecture as a network (even though the telemetry link is
only one way) it resembles the architecture of early computer networks. In both types of
networks, configuration management was an ongoing effort and manual integration of the
components into a usable system was mandatory, as well as time- and labor-intensive.
The authors contend that there is an analogy between the way computer networks have
and will continue to evolve, including future network innovations, and the way telemetry
networks should evolve. We see a definite convergence of networking technologies in the
near (5 to 10 years) future.

One reason for convergence is cost. It is simply too expensive to develop specialized
network topologies for testing when viable computer networking standards exist. This
was the insight of the Navy's NexGenBus project, which has chosen Fibre Channel as the
standard for next generation test instrumentation systems. Another factor driving
convergence is acquisition reform within the U.S. Government. New acquisition
guidance embraces commercial standards and does away with special MIL standards and
detailed specifications. Commercial and nondevelopmental items are likewise favored
over custom-built whenever they can meet the mission need. The combination of these
two powerful forces is driving test instrumentation networks and computer networks to
converge.

ADVANCED PLUG AND PLAY ARCHITECTURES

Adding peripherals to early PCs required special integration effort, much as does adding
or exchanging remote, control, or instrumentation support units in a CAIS network.
However, adding them to a modern PC is fairly easy due to the plug-and-play standard.
In contrast, adding devices to a modern network is still not all that easy, although it is still



easier than changing configuration on today’s instrumentation networks. Even adding
something as simple as a network printer often requires some action by a network
administrator in addition to the physical connection of the device to the network.
Installation of software, drivers, interfacing middleware, etc., and manual configuration
of the devices, software, and drivers takes a large staff and a lot of time. In the domain of
computer networks as in the domain of instrumentation networks, economics is driving
change. To make networks easier (and less expensive) to manage, industry is developing
architectures that implement plug-and-play-like features, allowing the easy installation
and configuration of devices.

Sun’s Jini™ 0 architecture provides a method for devices and applications to self-identify
and determine functional abilities of other devices and applications on the network
without human intervention. Jini™ is based on the concepts of discovery, join, and
lookup (Figure 2). This architecture requires a coordinator that might also be thought of
as a library catalog of functions, or a bulletin board available on the network. Once
installed, a new component (hardware or software) broadcasts its existence to the
network. The coordinator discovers this component through the broadcast and acquires a
description of the services the component can perform. The coordinator then adds this
description to its catalog (posts the information on the bulletin board). When another
component needs a service, it queries the coordinator to do a lookup of services for a
match. When a match is found, the coordinator then introduces the two components
which then communicate with each other to implement the required function. At that
point, the coordinator is no longer needed and is no longer part of the conversation
between the joined components.

An innovative detail of the Jini™ architecture is how the components know how to talk
to each other. The peer-to-peer communications is established through just-in-time
downloads of the equivalent of device drivers. When the coordinator introduces the two
components, it also downloads Java™ programs that allow them to talk to each other.

Figure 2: Jini™ Architecture
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It certainly seems as though Jini™ will be implemented commercially. Whether Jini™ (a
very new concept) and Java™ (still going through growing pains) is the solution to a
versatile network has yet to be seen. However, the fundamental concepts of discovery,
join, lookup, and of peer-to-peer (versus master/slave or client/server) interaction seem to
be valid and should be pursued.

THE GOAL: A NETWORK IN THE SKY

The question most often asked in the DoD Acquisition Community when someone
advocates new technology as a solution is, “Why do we need that?” Indeed, You Can
Move Packets … Now What? 0 raises some very good questions regarding the usage of a
telemetry network. Let us explore why a network is the appropriate architecture for test
and training.

The first and foremost reason is flexibility. The current test instrumentation systems are
static in the sense that they are programmed prior to the start of the test flight, then they
simply perform as programmed. This does not allow for in-flight changes to these
programs. Because testing is all about discovering unknown behavior in the test article,
this static, preprogrammed data collection scenario forces flight testers to request that
every possible measurement be collected and transmitted to the ground. On a modern test
aircraft, this amount of data easily exceeds governing telemetry standards and allocated
bandwidth. To trim the data volume down to meet the telemetry link capacity and still
meet the testers’ needs when something unanticipated happens, all the data needs to be
available, but perhaps only by request. The capability to command what measurements
are transmitted would allow testers access to the data they need when they need it. This
flexibility would be especially evident when multiple test articles are involved in a test or
training exercise. Each test/training participant could simply use discover and join
operations to “log on” to the telemetry network, thereby making information important to
deciding mission success available to whatever network users require it.

Another reason is better distribution of the workload. The current architecture has all the
signal conditioning occurring in remote units, but all of the data processing occurring on
the ground. A more balanced approach might be to distribute the data processing,
including some onboard processing to produce computed results versus transmitting raw
data to the ground for crunching. If the Jini™ technology were employed on a
test/training telemetry network, data processing routines could be transferred just in time
with the data to process the data wherever there are the network resources to do so.

Having the intelligence distributed among the network components, as in the Jini™
model, also alleviates the necessity of manually keeping track of airborne and
instrumentation support system configurations and changes. When the network
configuration is required for any reason, a poling of currently attached components via



the lookup mechanism in Jini™ would produce the desired results. This would effectively
remove most of the integration and configuration management problems being
experienced with today’s instrumentation networks.

EVOLUTIONARY STEPS

Figure 3 provides a diagram of the areas that need to be developed in order to implement
a Jini™-like telemetry network. The foundational issue of bandwidth is an ongoing
industry wide problem. The other two foundational blocks in the diagram concern
intelligent ground and onboard systems. These are main topics in Plug-and-Play-Like
Data Acquisition 0 and the reader is encouraged to view that paper for further discussion.
Ground based systems are far ahead of onboard systems but both still need improvement
through the use of faster hardware buses, more extensive middleware, and higher level
architectures. For onboard systems, the development of an easily programmable, self-
documenting data source (e.g., a smart sensor) and self-documentation for data buses
(i.e., smart buses) are also needed. Even after these critical support structures are in place,
there still needs to be some significant development of the network in the sky itself. The
pillars in Figure 3 represent some of these.

Certainly one of the biggest issues is that of bandwidth. With current technology, the
spectrum available for T&E use is around 30 megabits, although some newer modulation
techniques might increase this by 2 to 4 times. This is not even close to the gigabit level
needed for Jini™-like functionality. It seems reasonable to assume that the bandwidth
available for a telemetry network will always lag that available for wired terrestrial
networks – probably by at least an order of magnitude. The just-in-time driver download
aspect of a Jini™-like architecture needs a large bandwidth. Thus, it may be necessary to
develop a “weak-link” version of Jini™. For example, a full set of ‘drivers’ may be
required to be resident on the test vehicle as well as on any ground-based networks.
When brokers require network services, the driver to connect to that service can be
‘downloaded’ from the local network, be it in the sky or on the ground. A simple message
to switch ‘drivers’ could initiate simultaneous downloads both places. This may be a
reasonable compromise since it is not likely that dynamic changes in data being sent over
the network will be requested during a test point maneuver. This compromise also avoids
the economic issue of reinstrumenting all existing test vehicles with networking
hardware.



Figure 3: Architecture for A Network in the Sky

Continuing the evolution, it is logical to begin evolving two-way communications next.
As an indication of how far we truly are from a network in the sky, consider that most of
our most advanced test vehicles do not have simple uplink ability. Even though multiple
formats can be programmed into an instrumentation system to be telemetered, we are still
dependent on the pilot pressing a button in the cockpit to change formats. A command
uplink that could perform these types of simple functions would be the first step toward a
telemetry network.

The next issue to tackle is how to format the telemetry stream – packets or open pipe.
There are two significant differences between these choices: overhead and delays.
Ethernet tends to peak at about 60-percent bandwidth efficiency due to a variety of
overhead factors. This overhead makes the move to packetized telemetry
counterproductive to meeting the ever-growing desire for more data to be transmitted.
The very nature of packetization requires buffering the packet before sending, and the
multi-user aspect of a network implies a packet may have to wait for other packets to
finish transmission before being sent itself. Buffering, of course, means delays in
communicating potentially critical data. Another concern is that packets are not always
received in the original time sequence due to nondeterministic buffering. When
monitoring a test or training scenario for safety reasons it can be argued that zero delay is
desirable. On the other hand, open-pipe telemetry (using pulse code modulation and other
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techniques) can be up to 95-percent effective [4] with minimal delay. But open-pipe is
typically a fixed set of messages, preprogrammed, and unchangeable. Certainly a more
flexible method of changing the open pipe format will need to be developed.

Finally, an issue the authors think may be the biggest hurdle of all is user acceptance.
Telemetry using PCM is a very tried and true method of collecting real time data.
Although ground-based networks work fairly well most of the time, there are total
failures more often than most people would like. Are users really going to have
confidence that a network in the sky is going to work at the critical moment they need it?
Certainly networks are not as fast as most people want and we have already stated that a
telemetry link will be slower than wired links. Once you say network in the sky, the risk
is that the user’s expectation will be that it will provide the same level of access that a
wired network does. A real challenge will be to retain user confidence that critical time
correlation will be maintained.

SUMMARY

The most important conclusion for the telemetry community is that the limiting factors
for packetized telemetry noted above mean that the open-pipe approach will not go away
very soon. Packetized telemetry may very well be employed as a secondary method to the
standard PCM used today, but current efficiency limitations make it unlikely to take over
as the primary method of telemetering data.

The fundamental conclusion we derive for the test community is that the true network in
the sky implementation is still far off. Convergence with computer network technology
will certainly help advance the state-of-the-art, but the limiting factor is the natural
resource of RF spectrum. Its scarcity may, in fact, prevent such a network from being
realized for quite some time. Related factors to the weakness of the telemetry network
link include overhead, delay, and user demand for ever-increasing quantities of data and
flexibility in data selection. Even with these difficulties, the authors still think the
network in the sky concept is realizable and offer the following scenario for how a
telemetry network might be used during a standard test.

Preflight preparations would consist of poling the test article subnet to ascertain its data
delivery capabilities. If the capabilities were acceptable for the particular test planned, the
flight would proceed; otherwise additional instrumentation would need to be added. Once
airborne, packetized telemetry could be used to set up the specifics of an open-pipe data
format for the first test point. Tests, especially test flights, can be broken into those
periods where a test point is being flown (for example, an envelope-expanding test).
During this activity real-time data collection is critical. The other time between test points
the test vehicle is being monitored but is simply setting up for the next test point. During
a test maneuver, open-pipe telemetry would be used to maximize the data sent to the



ground node from the airborne node. Ground observers could analyze the data in real-
time, looking for unexpected events (something people are very good at). After the test
maneuver packetized communications between ground and airborne network nodes could
be resumed to set up the next open-pipe data format, request retransmission of missed
data due to dropouts, request additional data to help in analyzing anomalous behavior,
etc. Safety-of-flight parameters are being stored in short-term accessible memory where
they can be quickly sent in packets as a secondary backup. During breaks between test
points, one might use onboard processing to monitor safety of flight. Since test point
transitional flight is typically within the known flight envelope, and since computers are
very good at detecting anomalies from known (or expected) data (much better than
humans!), limit checks onboard the test/training vehicle that trigger immediate network
interrupts when violated, might provide sufficient safety margins.

There is no question that technology will support this proposed scenario. However, there
are some very real political issues to be overcome. The payoff for the improvement of the
weapons system test and evaluation process seems to be worth the cultural and attitudinal
changes necessary.

REFERENCES

[1] Jini™ Connection Technology, Sun Microsystems, Inc., http://www.sun.com/jini
(Jini™ and Java™ are trademarks of Sun Microsystems.)

[2] Skelley and Jones, You Can Move Packets … Now What?, ITEA Conference,
Lancaster, CA, April 1999. http://www.edwards.af.mil/itea.

[3] Jones and Gardner, Plug-and-Play-Like Data Acquisition, ITEA Conference,
Lancaster, CA, April 1999. http://www.edwards.af.mil/itea.

[4] Jones, Charles H., Telemetry Mapping Algorithm Project (TMAP) Efficiency and
Feasibility Study Report, International Test & Evaluation Association Workshop,
Lancaster, CA, http://www.edwards.af.mil/itea, (March 1998).



OVERVIEW OF THE
NASA WALLOPS FLIGHT FACILITY
MOBILE RANGE CONTROL SYSTEM

Rodney A. Davis
Susan K. Semancik

Donna C. Smith
Robert K. Stancil, Jr

NASA Goddard Space Flight Center’s Wallops Flight Facility

ABSTRACT

The NASA GSFC’s Wallops Flight Facility’s (WFF) Mobile Range Control System
(MRCS) is based on the functionality of the WFF Range Control Center at Wallops
Island, Virginia. The MRCS provides real time instantaneous impact predictions, real
time flight performance data, and other critical information needed by mission and range
safety personnel in support of range operations at remote launch sites.

The MRCS integrates a PC telemetry processing system (TELPro), a PC radar processing
system (PCDQS), multiple Silicon Graphics display workstations (IRIS), and
communication links within a mobile van for worldwide support of orbital, suborbital,
and aircraft missions.

This paper describes the MRCS configuration; the TELPro’s capability to provide
single/dual telemetry tracking and vehicle state data processing; the PCDQS’ capability
to provide real time positional data and instantaneous impact prediction for up to 8 data
sources; and the IRIS’ user interface for setup/display options.

With portability, PC-based data processing, high resolution graphics, and flexible
multiple source support, the MRCS system is proving to be responsive to the ever-
changing needs of a variety of increasingly complex missions.
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INTRODUCTION

NASA Goddard Space Flight Center’s (GSFC) Wallops Flight Facility’s (WFF) Range
Control Center (RCC) at Wallops Island, Virginia, provides mission control, tracking,
and real-time range safety support for suborbital and orbital launches, and aircraft
programs. To provide similar support in remote sites throughout the world, NASA at
WFF created the Mobile Range Control System (MRCS) vans, which provide a self-
contained, fully mobile, range control and safety command/destruct (C/D) system with
radar and telemetry data acquisition. This MRCS supported the MINISAT Pegasus from
Gran Canaria, Canary Islands, Spain, in April 1997, and proved that it could provide the
same excellent range capabilities and assurance for safety, reliability, and quality as the
WFF RCC does. It has also been used at Coquina, North Carolina, to support Pegasus
launches from WFF, and is scheduled to support the Vegetation Canopy Lidar mission
from Kodiak, Alaska, in August, 2000.

MRCS CONFIGURATION

The essential components of the MRCS, as shown in Figure 1, are the C/D transmitters
and antennas; timing system for input synchronization; radar and telemetry data tracking,
acquisition and processing systems; communication systems; and display systems.

For fail-safe operation, the MRCS contains redundant systems for all critical functions.
Twelve racks in the MRCS van contain primary and redundant systems and their
consoles for C/D, data quality (DQ) control, communications, and data processing and
display. Each transmitter is dependent on inputs from the C/D console and is
automatically monitored and switched to a backup transmitter on fail-over. Each antenna
can be slaved to either a radar or telemetry source. The vans support configurations using
multiple telephones, redundant VHF radios, one HF radio, a 12-channel local intercom,
and up to 25 external voice/data/video links.

The MRCS integrates a PC Telemetry Ethernet LTAS (Launch Trajectory Acquisition
System) processor (TELPro) for telemetry processing, a PC Data Quality System
(PCDQS) for radar processing, and multiple Integrated Range Information Systems
(IRIS) for data displays, which are interfaced as shown in Figure 2.



Figure 2 – Process & display system interfaces
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The telemetry (TM) and radar tracking and data acquisition systems provide data to the
TELPro and PCDQS processing systems, whose output is displayed on IRIS systems at
the DQ console. The DQ operator selects the best tracking sources for display on IRIS
systems for Range Safety (RS) personnel. Using vehicle positional and performance
information, and instantaneous impact prediction (IIP) data calculations from the
processing systems, the RS officer can determine when to command destruct an unsafe
vehicle so that its impacting debris is within an acceptable operational area. The
remainder of this paper describes the TELPro, PCDQS, and IRIS systems and their
capabilities.

PC TELEMETRY PROCESSING SYSTEM

The TELPro was developed to provide RS officers critical flight performance in real
time. This system is used at the NASA WFF RCC and the MRCS. The system is
portable, reasonably inexpensive, and requires minimal operator interaction. New mission
functions and TM formats can easily be added. This system’s configuration is shown in
Figure 3, and consists of a standard PC with the following cards:

- a TDP/GDP frame synchronizer card to collect PCM NRZ-L data and 90° clock
from a bit synchronizer

- a NASA36 card to receive a 10 points per second (pps) interrupt and time of day
- a DRT card to receive program time and to transmit LTAS data
- an Ethernet card to transmit Ethernet buffers

The GDP card and the Ethernet card are commercial off the shelf (COTS) products.
Commercial replacements for the NASA36 and DRT boards may soon be used.

In addition to the custom TELPro software, the system includes custom TDPlus software,
which sets up the frame synchronization boards. COTS software products (DOS 6.0,
Borland C++ 3.1, and PC/TCP) complete the system.

The TELPro system is a PC based tool which transmits Ethernet and LTAS buffers. The
TELPro system is designed to receive TM data, a 10 pps interrupt, and timing inputs, and
to output an Ethernet buffer and up to two LTAS buffers. The TM data is collected by the
WFF TM mobile van, synchronized, and transmitted to the TELPro as NRZ-L TM data.
The TELPro system then decommutates the TM data via a frame synch board
(TDP/GDP). Once a lock is determined, data is ready to be processed as defined by the
TELPro setup file. The setup file tells the TELPro system how to put the TM words
together, scale them, and how to process them. The TELPro system stamps time tags,
checks data quality, applies format conversions, calculates limit flags, performs
coordinate transformations, combines vectors, and produces impact predictions. After the
TM data is processed, it can be transmitted at a 10 pps rate as either Ethernet buffers or



Figure 3 – TELPro Configuration

serial LTAS buffers. The Ethernet buffers are used by the IRIS graphics systems for
displays. The LTAS buffers are used by the PCDQS system for processing raw TM
positional data into smooth positional data. The LTAS buffers contain TM Inertial
Navigation System (INS) data and TM Global Positioning System (GPS) data. These
LTAS buffers were also used during the Pegasus MINISAT mission as input to a radar
slaving system.

The following are some of the functions of the TELPro system:
- perform a coordinate transformation on Inertial Measurement Unit (IMU) data to

prepare data for vacuum impact predictions output
- output vacuum impact predictions for IMU and/or GPS data in the Ethernet buffer
- broadcast Ethernet data
- transform quaternion attitude information into pitch, yaw, and roll
- calculate a vector magnitude from the three components
- select a time source
- check limits for IMU and GPS position and velocity inputs
- process eight defined format types such as unsigned binary, IEEE, 2’s compliment,

flags, and other mission specific formats
- select MSB/LSB for each input parameter
- collect data from two telemetry links simultaneously
- read in 8, 16, 24, or 32 bits to combine into one input parameter
- convert to engineering units using up to eight polynomial coefficients for each

parameter
- output IMU and or GPS in an LTAS format
- subtract a known latency from the IMU/GPS time tags
- combine parameters using addition, subtraction, division, and multiplication
- set flags when a value comparison is true after a critical time
- calculate orbital elements and transmit a two-line orbital element
- perform operator commanded system reset
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The TELPro system is continuing to change to meet new mission requirements. The
current system is Y2K compliant. A conversion to Windows NT and Microsoft Visual
C++ is underway. Efforts continue to be made to keep TELPro portable, easy to run, and
inexpensive.

PC RADAR PROCESSING SYSTEM

The PCDQS provides mission and RS support by supplying range users with positional
data for one or more vehicles from multiple tracking sources. The system is used in the
NASA WFF RCC and the MRCS.

The primary purpose of the PCDQS is to provide RS with present and IIP positions for
the vehicle. To do this, the system processes raw positional data from tracking sources
into smooth positional data. The raw data is first validated for acceptability and then
edited for bad points. The data points are smoothed to remove noise through the use of a
Kalman filter, and then used to calculate the IIP position. Coordinate transformations are
also performed on the data. In addition, a best source selection algorithm flags the best
tracking source.

The PCDQS provides much of the same functionality as the RCC's minicomputer.
However it provides a number of advantages over that system including significantly
reduced cost, portability, maintainability, and easy setup and use. The PCDQS was the
first use of a PC based system to provide range support at WFF. It was also the first use at
WFF of a real-time operating system environment on a PC platform.

The PCDQS’ configuration is shown in Figure 4, and is comprised of NASA custom and
COTS hardware and software. The hardware and software configurations are as follows:

Hardware
- COTS x86 based PC
- COTS Network/Ethernet card
- NASA custom NASA-36 timing card
- NASA custom synchronous data card
- COTS 2400 baud synchronous modems
- COTS Itochu LCD button panel

Software
- COTS Microsoft MS-DOS operating system
- COTS Talton Louley Engineering TL Executive real-time DOS extension
- COTS FTP Software PC/TCP network sockets software
- NASA custom PCDQS software



The system requires 3 different types of data sources in order to function. First it requires
one or more tracking sources. The tracking sources are provided in either the Minimum
Delay Data Format (MDDF) or the LTAS formats at a rate of 10 pps or 10 Hz at 2400
baud. The system can input any combination of MDDF or LTAS sources up to a
combined total of 8 sources. Secondly the system requires time of day and program time
data. This is provided by the ASCII Time source, as well as a 2400-baud, 10 pps,
synchronous data source. Finally, the system requires a 10 Hz timing source in order to
synchronize the system with the incoming data. This is accomplished with a NASA-36
format timing source which provides a 10 Hz interrupt to the PC system.

The system outputs data to its users in two ways. The primary means is via a
buffer/packet of data broadcast on the local Ethernet at a rate of 10 per second. These
buffers are used by the IRIS systems for constructing the DQ and RS displays. A
secondary output is through serial transmitters. The system can package user selected
sources into MDDF or LTAS formats and transmit them over 2400 baud synchronous
data lines. The primary use of this type of output is to provide data to remote tracking
stations or ranges. The system can support up to 4 transmitted sources.
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Figure 4 - PCDQS Configuration

The system was designed to require minimal setup and user interaction. The small
amount of setup and interaction that is required is accomplished through a character
based windowed interface, a standard keyboard, and a button panel. Through its single
display the user can configure the system by specifying defining parameters for the
tracking sources, the parallax/launch site, and the vehicle. The transmitters can also be
configured. During a mission, the screen displays mission status and time, parameters
from the tracking sources, system error messages, and processing statistics. The DQ
operator interacts with the system through an LCD button panel. The buttons on the panel
allow the user some control over the system and the selection of the tracking sources that
are viewable by the RS officer. The buttons provide feedback by color changes and/or
blinking.



The PCDQS system is currently operational in the WFF RCC and is ready for
deployment around the world in the MRCS. In its present form, the system is limited in
growth by constraints of the operating environment. A task is underway to port the
software to Microsoft Windows NT to allow room for growth. Further, in the future the
system may be replaced by a new state-of-the-art range data system.

IRIS GRAPHICS SYSTEM

The IRIS graphics system’s configuration is shown in Figure 5, and is an SGI Indigo2
Extreme or Impact workstation, with at least 128MB RAM, and 1280x1024 graphics
resolution with 24-bit planes and millions of available colors. In-house software
development has produced formats for mission displays that give the user choices of full
or split screens combining alphanumeric data; static graphics with moving sources (i.e.:
vehicles moving over maps); “heads-up” aircraft displays with 1-4 centered sources,
zooming, event markers, vectoring and moving maps; debris footprints plotted with
BEST source; and vehicle motor displays with animation, audio cues, and timed
nominals. By the TELPro and PCDQS systems broadcasting their Ethernet buffers, the
same radar and/or TM data can be received simultaneously on multiple IRIS systems,
which are individually configured to best display the data to support each user’s mission
function. Either the user at each display can actively control the selection of sources for
the display, or the DQ operator can control the selection remotely for all passive displays.
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Up to 12 alphanumerics updated every second can be shown on the same display with
plots or on a separate screen. The alphanumerics have been enhanced to allow the user to
select alarmable and freezable data formats. The alarmables will change the
corresponding parameter’s box color whenever the data meets the selected alarmable
state, either greater than, less than, equal to, or not equal to a value; or outside or within a
range of values. Freezable alphas will show either the maximum or minimum value
attained by that parameter during the mission, whichever state the user selects.

Figure 5 - IRIS



Figure 6 shows a split screen with multiple graphics plots and an alphanumeric area with
multiple source values for each parameter. The plot symbols and alphanumeric values are
color coded to each source for quicker user identification. In this example, the top plot is
dedicated to a TM source, and the bottom plot overlays coordinate systems for IIP and
present position data from both radar and TM sources.

Each plot can contain up to 4 radar sources, including a BEST radar, and one TM source
from Ethernet data updated every 1/10th of a second. On multiple source plots, automatic
scaling to user-defined scales is based on a majority of the sources on the plot needing to
rescale. User-selectable underlay options in plots include maps, lines, ellipses,
annotations, and boundary patterns. Paging allows up to 4 screens of graphics and/or
alphanumerics to be switched during a mission on each display, either automatically by
selectable mission times or manually by the user.

To support orbital launches, motor displays, as shown in Figure 7, have been developed
to provide roll, pitch and yaw indicators as well as simulations of separations and burns
as indicated by on-board vehicle sensors. Audible clues allow a user to be aware of these
events even while viewing other screens during paging. A moving indicator on the
circumference of the pitch display shows the nominal pitch value during the mission,
giving the user a quick reference for vehicle performance.

Figure 6 - IRIS split-sreen display with alarmableFigure 6 – IRIS motor display with multiple source alphanumerics.



The use of alphanumeric and graphical representations of real-time data combined with
nominal expectations can greatly enhance the user’s ability to interpret the rapidly
changing mission events. The graphic simulations help mission personnel to determine
mission performance faster than trying to interpret alphanumerics alone. Having multiple
sources of data on the same plot has reduced the number of displays needed to provide
mission personnel with the information they need to evaluate the relative quality and
reliability of each source to ensure the safety of the mission.

The software and/or hardware of the IRIS graphics system can and will change to meet or
exceed the requirements of the ever changing missions NASA supports, and also to be
more responsive to the users in assisting them to perform their range support functions.

CONCLUSION

The concept of the Mobile van has proven itself in the field, and with its ability to be
deployed virtually anywhere in the world, it will continue to be a great asset for range
support. With the availability of new technology, both the WFF RCC and its mobile
counterpart, the MRCS, will continue to evolve to meet the needs of a variety of
increasingly complex missions.

Figure 7 - IRIS motor display with multiple source alphanumerics
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ACRONYMS

C/D Command/Destruct MRCS Mobile Range Control System
COTS Commercial Off The Shelf MSB Most Significant Byte
DOS Disk Operating System NASA National Aeronautics and Space Administration
DQ Data Quality NRZ-L Non Return of Zero Level
DRT Data Receive and Transmit PC Personal computer
GDP General Data Products PCM Pulse Code Modulation
GPS Global Positioning System PCDQS PC Data Quality System
GSFC Goddard Space Flight Center PPS Points per second
HF High Frequency RCC Range Control Center
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IIP Instantaneous Impact Prediction SGI Silicon Graphics, Inc.
IMU Inertial Measurement Unit TCP Transmission Control Protocol
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IRIS Integrated Range Information System TELPro Telemetry Ethernet LTAS Processor
LCD Liquid Crystal Display TL Talton Louley
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Advanced Data Acquisition and Processing System
(ADAPS) – The Current State of the System
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ABSTRACT

The technology growth in the Aerospace industry, as manifested and embodied in the
current fighter technology, presents many challenges in the area of flight test and data
processing. Past papers have delineated the concepts brought to bear in the design and
implementation of the AFFTC’s latest generation of telemetry data systems in the
Advanced Data Acquisition and Processing System (ADAPS) program. The current
deployed system incorporates the planned approach of commercial-off-the-shelf (COTS)
and government-off-the-shelf (GOTS) elements as basic to the system solution. The state
of the program has advanced through full development, delivery and performance testing.
The system is currently deployed in support of flight testing at Edwards AFB. This paper
will present the status of the program.
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Flight test, Telemetry data system, pre-processor.

INTRODUCTION

When ADAPS was first introduced1 the concept of including COTS and GOTS was in its
embryonic stage. “Re-use” and “Open System” were institutional phrases that evoked
followings only among purists wishing to theorize concerning cost savings. The ADAPS
was conceived with these and other architectural innovations revolving about the
evolving concept of a distributed systems design, allowing data flow at the base level and
implementation of workstation terminals for data processing and display. If one were to
review the early system concepts, today’s manifestation would seem awesome. Such
have the advances in computer technology been. This, though, is one of the incipient
attributes of the ADAPS concept: adaptability to the state of the technological art. While
the efforts of software generation for ADAPS were underway, the most changeable
feature on the system landscape was the component parts. Here the changes in system
components will be examined to better view the deployed structure.



BACKGROUND

The central system requirements introduced to the development process at Edwards were
set forth in the Operational Requirements Document (ORD) and were driven by the
anticipated telemetry data rates, data complexity, and perceived processing requirements.
An exponential increase in complexity of analysis brought on by advances in airframe
construction and weapons systems provided additional impetus for advancement. The
project was parsed into four segments. These were: 1) Real Time/Postflight Processing
(RT/PFP); 2) Automated Test Data Management System (ATDMS); 3) Auxiliary
Processing and Analysis System (APAS); and 4) AFFTC Post-test Analysis System
(APTAS). Each of the segments was assigned an Air Force project manager and a
subcontract organization to accomplish the development. A fifth organization-the base
System Engineering/Technical Assistance (SE/TA) subcontractor provided program
System Engineering, Software Quality Assurance (SQA) and testing responsibility.

Using classical system engineering processes, an initial slate of 974 requirements was
extracted from a variety of reference sources2,3. From the original set of requirements the
group was decomposed into 1,674 derived requirements. The MIL-STD-2167A was
initially followed, progressing to the variants offered by adoption of MIL-STD-498A. A
representative set of management, development and test documentation was produced.
These continue in use today as an aid in system maintenance and revision. These
included System/Segment Specifications (SSS), System/Segment Design Documents
(S/SDD), Software Development Plans (SDP), Configuration Management Plan (CMP),
Software Test Description (STD) and the like.
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Figure 1: ADAPS Context Diagram



INITIAL OPERATIONAL CAPABILITY (IOC)

The ADAPS design is depicted in Figure 1. The RT/PFP segment was first on-line,
having had a prototype system built in a laboratory environment for development
contractors’ use. At this point the ADAPS consisted of the Telemetry Pre-Processor
(TPP-OS/90) providing data to the distribution system (Universal Memory Network
[UMN]) for display on the Mission Control Room Workstations (MCWS – SGI Indigo2).
The original design called for the APAS functionality to be hosted upon the same MCWS
in a multi-boot personality. In this manner, the functionality of a given workstation could
be re-configured at mission start for maximum flexibility. The design of the APAS
segment called for two concurrent paths for the real-time data from the TPP one path to
the UMN and another to the Auxiliary Processor. The APAS MCWS’s would be
connected to a separate High-Speed Data Distribution (HSDD) network, again operating
in parallel with the UMN. The implementation of the HSDD is high-speed Ethernet from
TPP to CDS and ATM for workstation data. This IOC hardware configuration is depicted
in Figure 2.

The system underwent extensive requirement verification testing after initial installation.
The RT/PFP segment was on-line ahead of the other segments, and this system backbone
received the major share of testing activity. The original deployment utilized the UNIX
derivative operating system IRIX for the SGI environment. The initial version of IRIX
was 5.2, but this upgraded during development. Major software subsystems were also the
subject of revision, as the release of IRIX 5.3 required different interfaces and links. The
most prominent of these was the DataViews package, extensively utilized for MCWS
display to support the RT/PFP segment.

The basic MCWS started life with dual, removable hard disks, the one gigabyte (GB)
system drive and the two GB Data, or User, drive. A 3.5 inch floppy was configured but
never deployed. The 200 MHz R4400 processor was greatly anticipated as an advance
over the capabilities present in the Mission Display System (MDS)3. A similar
workstation was eventually implemented as the Setup and Control Workstation (SCW)
for the TPP. The original equipment supplied with the OS/90 as an SCW was the SGI
INDY workstation. For operational performance, the unit was replaced by the SGI
Crimson unit. For the sake of compatibility, the unit was eventually changed to the SGI
Indigo2.

From there, a third type of workstation for ADAPS evolved: the scenario development
unit called the Mission Preparation Workstation (MPWS). All three retained the same
basic features but were distinguishable by their functional aspects within the architecture.
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Workstation Roles

The MCWS is the main engineering workstation in the mission control room (MCR).
Each unit is connected to the high-speed distribution network (HSN-UMN) for data
transfer; to the low speed network (LSN–Ethernet) for control and information flow; and
is connected via RGB outputs to the printer and display subsystems.

The SCW connects to the TPP via Ethernet link and provides scenario storage and
distribution, TPP setup and mission control from the telemetry room. The unit also is
connected to the reflective memory and in this manner can exercise and control the
UMN.

The MPWS is located in the runfile development area and is the creativity center for the
mission scenarios–here called the Mission Load Database (MLD). The MLD’s are an
encapsulation of setup, parameter definition, display definition, processing and storage
definition files that completely define the ADAPS mission. The MPWS is conceptually
connected to the SCW so that the MLD may be passed to the central distribution point.



Current WS Configurations

Each of the three WS flavors has evolved over the past two years. The central unit is now
the SGI Indigo2 Solid Impact, equipped with a 250 MHz processor, 128 MB RAM, a
2GB and a 4 GB removable hard drive. Each also has a 1 GB jaz™ drive configured,
providing a facile solution for walk-away data products. The jaz™ drive allows MLDs to
be easily moved to the SCW when security conflicts arise in the use of network
operations.

The SCW is equipped with a QIC tape unit in order to accept vendor software updates
and fix releases. It also is configured with a CD-ROM for system software installation
activity. A 3.5 inch floppy drive is included for maximum flexibility, as is a 4mm DAT
drive.

The Test Conductor MCWS is a full-configuration unit in the same manner as the SCW.
The remainder of the MCWS are not equipped with the tape units, CD-ROM nor floppy.
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Evolutions in APAS

The APAS segment was envisioned to be flexible and provide ancillary processing
systems with the access to real– and near-real-time flight-test data. As such, several
APAS systems were thought to be available for inclusion.

The initial instantiation of the APAS is the Interactive Analysis and Display System
(IADS), first deployed to meet the rigors of Structure and Flutter testing for new aircraft.
Design called for an auxiliary processor unit connected to those MCWSs designated as
APAS terminals. Prototyping indicated the MCWS, even in the evolved form, would not
serve as a configurable element and the decision was made to separate the functions,
giving rise to the IADS workstation (IWS). The IWS was deployed as a 200 MHz, dual
processor Windows NT system. The data path to the unit was still via ATM link from
the processor unit–now called the Compute Data Server (CDS). The CDS initial instance
is an SGI Power Challenge, running IRIX 6.2.

The connection to the TPP from the CDS was changed from an ATM implementation to
a high-speed Ethernet link which passes the data required for display on the IWS to the
CDS as EU converted parameters. The CDS applies requisite processing and ships the
ATM data packets to the IWS. Operational aspects of the interface in the TPP dictated the
change.

RIDLEY MISSION CONTROL CENTER (RMCC) MODIFICATIONS

Strip chart units are deployed in the MCRs. To connect the 16 units (196 maximum
channels) initially required high quality data cables, as the DAC units were in the
Telemetry room. The UMN system required connectivity for 32-bit data flow and this
was originally set up as copper. Eventually both would be replaced by fiber, with the
DAC units moved to the control room, and interface to the TPP accomplished by a
parallel digital interface over the fiber, reducing noise considerably.

A large scale patching system was installed to provide flexibility in allowing any one of
four TPPs and two CDSs to be connected to any of four control rooms. This allows
simultaneous support of four operational missions of variant scales.

Each control room, in turn, was rebuilt to house the ADAPS consoles, display,
communication and support systems required in this advanced testing genre.



TPP CONFIGURATION

Current Hardware System

As previously pointed out, the TPP serving ADAPS is the L-3 Communications OS/90.
The TPP can ingest up to eight PCM streams and can process up to 1.1 megasamples per
second. The upper bound of the processing is heavily dependent upon the processing mix
and PCM input contents, but this sample rate serves as the upper boundary for the
purposes here. Six Data Processing Units (DPUs) are in the system for EU conversion,
filtering, data compression and custom processing. One System Unit (SU) is generally
included for overall system control, but the ADAPS configuration adds an additional SU
for extended strip chart setup/reconfiguration operations.

The standard data output functionality has also been augmented. Standard disk output
functionality has been increased from one drive to three each 4.0 GB removable drives
for data logging and archival storage. Two parallel output paths have been installed for
transmission of Current Value Table (CVT) data to the reflective memory system and one
path (Fast Ethernet) is in place for communication with the CDS.

TPP Software System

The basic TPP control system software from the vendor is installed. It has been
“wrapped” in the operational RT/PFP software, which allows the SCW to perform the
functions endowed by the TPP vendor, but also allows the necessary run-time setup and
control to be exercised in the ADAPS configuration. The added functionality includes the
handling of the MLDs, diagnostic control for the UMN and other additions and the
additional security layers necessary in the RMCC environment. There is also the
implementation of a MOTIF Graphical User Interface (GUI) over the vendor elements to
provide a unified look and feel to the three workstation types.

Some operational aspects of the TPP still take place at the vendor software level. The
diagnostic elements and load-time alterations of hardware element configurations were
best left with the supplied software.



ADAPS, JUNE-1999

All of the above noted, the current ADAPS system is depicted in Figure 4.
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In this simplified representation, the basic revisions to the RMCC infrastructure are clear.
The more detailed representation of the Mission Control areas (Figure 5) details the
system as of today.

In the telemetry room, any of the four TPP systems may be patched to either of the CDS
units in order to support any of four MCRs currently configured for ADAPS.

ADAPS Software

There are essentially four main elements of the current ADAPS software, each of which
will be discussed at a very topological level in the following paragraphs. The elements
are autonomous and were created by four different organizations, with the product
gradually phased together with extensive integration and testing efforts.

Flight Test Data Management
The Flight Test scenario is programmed at the MPWS. Here onboard instrumentation
is characterized as data cycle, transmission scheme, sensor characteristics (type,
calibration factors, etc.) and a description of the processing to be performed in the
TPP. The control room displays are defined, as well as requirements for data



recording, chart recording, function key definitions and the like. The scenario is
compiled and encapsulated into the MLD. The MLD now contains two main
elements: the Mission Configuration Database (MCD) and the TPP setup
information–the telemetry configuration files.
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RT/PFP System
This element consists of two basic constructs. The first of these has been discussed
previously in the discussion concerning the TPP. This is the vendor software for the
OS/90. The operational RT software integrates the vendor package, several COTS
products as previously mentioned and a large segment of re-use from the MDS
project. The main functionality may be explained in the following manner.

When required, the appropriate MLD is loaded onto the SCW and decomposed. The
balance of the MLD elements is sent to the TPP to properly configure the hardware
for operation. The MCD is then distributed to each of the MCWSs as they log in as
operationally ready. Transmission takes place over the Ethernet.



After the system is initialized and placed in an operational state, the PCM data is
ingested by the TPP, decommutated, processed and output to the UMN, CDS or Strip
charts as required. The format of data in the UMN resembles a data cycle in a Current
Value Table (CVT) view. The unique form in the UMN is that high rate data is stored
in a circular buffering scheme–rather like a “three dimensional CVT”–to enable
efficient processing at the MCWS. While not entirely a new concept,4 the ease of
definition of this element allows the high rate nature of current data to be completely
captured for analysis in a near-real time system.

The MCWS accesses the CVT data through the UMN as if it were part of the
workstation memory. Applications such as display generation, local data recording,
Data Analysis Program (DAP) applications and system control are executed as
required from the distributed MLD.

IADS Software
The IADS package consists of data processing algorithms used mainly for frequency
domain analysis of data in near-real time. The CDS acquires data from the TPP
(parametric definitions are defined in the MLD as to which measurands are to be sent
to the CDS). The CDS acquires data via HS Ethernet link from the TPP and then
sends these to the appropriate IWS. The development effort included the creation of
NT-based plot, display and computation packages that will find extensive re-use
application as ADAPS evolves.

APTAS: Last but not Least
Completing the test spectrum, APTAS is essentially a stand-alone element of the
ADAPS system. It is an engineering tool employed to analyze flight test data by using
a common toolbox of algorithms, visualization utilities, and data management utilities.
The essential functions of APTAS are analysis, management, and visualization. These
functions can be described as follows:

• DATA ANALYSIS. Data analysis provides the user with the tools to analyze post-
test data through each generation and perform comparative analysis between this data
and the modeling or simulation data.

• DATA MANAGEMENT. Data management is a collection of file directories,
databases, and application utilities that perform all of the tasks associated with the
organization, storage, access, and tracking of post-test data.

• DATA VISUALIZATION. Data visualization allows the user to visualize data in
the form of plots and lists. It includes both on-screen-interactive data display as well
as hardcopy prints of plots and lists.



Currently in IOC release, the program is operational on the Windows NT platform.
Later implementations will be supported across a variety of platforms. Historical data
from previous systems have been used for the Beta testing process.

EXTENDED ADAPS FACILITIES

As of this date, there are seven ADAPS systems of various stripes in operation. Four
additional installations are planned for the near future. Three systems are in regular use in
the RMCC complex. Two small systems are in deployable van configuration, with one
medium system installed at a fighter combined test forces (CTF) facility.

The Edwards South Base CTF complex will be the recipient of two systems in the third
quarter of this year, while two more are expected to be added to the RMCC complement.

SUMMARY

The ADAPS has evolved over the years but has retained the characteristics originally set
as goals of an open system with loosely coupled hardware and software constructs. The
systematic improvement of the MCWS is a small example, but an important one,
demonstrating that the hardware can be upgraded without a total re-write of the
operational software. The deployment of Windows NT terminals as the IWS is a more
cogent example. The ADAPS design was and is a success, albeit somewhat limited. A
change of vendor for the TPP would cause a significant revision, although not total, to the
RT implementation.

Yet it is just these examples of the change process that points out the necessity and
success of such a system design, allowing for more rapidly obsoleted equipment at the
periphery to be replaced while the system remains alive during the technology transplant.
The success of the system design is in its inherent extensible nature, with the attribute of
tailorability to a differing set of stationary or mobile environments that acquire, process,
display and record test information in real-time.

The ADAPS has successfully completed Y2K testing and continues to evolve to meet
new requirements and equipment challenges.
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THE ADAPS REAL-TIME / POST FLIGHT PROCESSING SYSTEM
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ABSTRACT

This paper describes the Real-Time/Post-Flight Processing System (RT/PFP)
developed under the Air Force Flight Test Center (AFFTC) Advanced Data Acquisition
and Processing Systems (ADAPS) development program. The RT/PFP is currently being
deployed at all Range Division Mission Control Facilities as the principal Range Division
telemetry processing system. This paper provides an overview of the RT/PFP system, its
current capabilities, and future enhancements being developed. The RT/PFP is currently
used to support the F-22 flight test program, and to provide telemetry processing support
for the AFFTC Range Safety Office. The RT/PFP is also used in a mobile configuration
to support the Advanced Fighter Technology Integration program.
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INTRODUCTION

Originally known as the “ADAPS system,” the RT/PFP system is now one of three
segments of the ADAPS development. The RT/PFP is the telemetry data processing
segment of ADAPS. Other ADAPS segments include the Integrated Analysis and Display
System (IADS), used for real-time and post-test Aero-structures data processing and the
AFFTC Post Test Analysis System (APTAS) used for post-test analysis processing. The
focus of this paper will be on the RT/PFP telemetry data processing system. The RT/PFP
system initially started as the replacement for the Integrated Flight Data Acquisition and
Processing System (IFDAPS) at Ridley Mission Control Center (RMCC). Since that time,
RT/PFP has become the standard real-time telemetry processing system at three facilities
at the AFFTC. The RT/PFP is the product of the many lessons learned from installing
IFDAPS and IFDAPS-derived telemetry processing systems at both the AFFTC and
other locations.



The RT/PFP system uses a modular, scalable, and distributed processing architecture.
The RT/PFP consists of a telemetry processor, a shared memory data distribution
network, and a set of control room workstations. Supporting this basic set of components
is the Joint Test Data Management System (JTDMS). The JTDMS functions as the
RT/PFP telemetry attributes management system. The JTDMS “imports” telemetry
attributes in a variety of formats, stores this information in a historical database, and
provides the required setup files to the rest of the RT/PFP system. A hard copy
processing system was also developed by the RT/PFP project. The Hard Copy
Processor performs screen captures with less then 2 seconds of screen freeze and
records these images to disk or prints them on a laser printer. The RT/PFP can also be
used to send telemetry to other data systems or receive data from other data sources. The
RT/PFP system provides engineering units (EU) data to the IADS system through a
network interface. The RT/PFP system transfers telemetry data to the Range Division time
space position information (TSPI) data network. The RT/PFP can also receive TSPI data
from the TSPI data network.

ADAPS RT/PFP SUB-SYSTEMS

TELEMETRY PROCESSOR

Telemetry processing in the RT/PFP system occurs in a telemetry processor. The
telemetry processor is responsible for high-speed pre processing and merging of multiple
incoming pulse code modulation (PCM) telemetry data streams. The telemetry processor
used in the RT/PFP system is the L-3 Communications O/S90. O/S90 system modules
include PCM bit and frame synchronizers, embedded processors, and interfaces to
external processors. Data transfer between telemetry processor modules takes place on
two data buses. The priority command data (PCD) bus is the primary path for transferring
telemetry data between system modules. The PCD bus transfers a 32-bit Command Word
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and a 32-bit Data Word between O/S90 modules every 100 nanoseconds, and provides a
40 MB/s bus transfer rate.

The second bus used in the O/S90 is a virtual memory environment (VME) bus used to
distribute setup information to the telemetry processor modules. The VME bus also
receives status information from all the telemetry processor modules while the telemetry
processor is operating. Attached to the VME bus is a Force Computers SPARC 5 VME
Single Board Computer also known as the SU. The SU is used to perform O/S90 system
control, monitoring, and diagnostic functions. In addition to the primary system chassis,
RT/PFP O/S90 systems can have a second expansion chassis for additional growth
space. The RT/PFP systems can be operated in small, medium or large configurations
depending on the number of PCM inputs and data processors required to support a test
project.

The baseline RT/PFP telemetry processor configuration includes six EMR 4020 internal
PCM Bit Synchronizers (20 Mb/sec input) and seven EMR D20 PCM Frame
Synchronizers. The PCM Bit Synchronizer outputs are connected directly to the PCM
Frame Synchronizers by coaxial cable. The Frame Synchronizers are interconnected using
a serial data bus (SDB). The SDB gives the O/S90 the capability to support asynchronous
subframes embedded in the primary telemetry frame. One additional EMR D20 is included
in each RT/PFP system to provide a dedicated capability to perform asynchronous
subframe processing. After a telemetry stream has been deserialized, the data is placed on
the PCD bus for further processing.



RT/PFP TELEMETRY PROCESSOR LAYOUT
To provide time alignment with other test data sources, an external Datum time code
translator receives Inter Range Instrumentation Group (IRIG) standard time code
(normally IRIG A, B or G at the AFFTC). The time code translator outputs time code
through a parallel interface to a system utility module (SUM) in the O/S90. The SUM
accepts the time code and places it on the PCD bus. A second SUM is installed in the
O/S90 to accept a second time stream or to generate stripchart recorder calibration
patterns for pre-mission stripchart recorder calibration. Time and telemetry data are then
distributed across eight distributed processing units (DPUs) operating in parallel. Each
DPU is a 32-bit floating-point processor. Each DPU accepts data from the PCD bus,
converts it to a floating point format, performs engineering unit’s conversion on the data,
and outputs the result to the PCD bus.

After DPU processing, the data is transferred over the PCD bus to one or more output
devices. The parallel output module (POM) is used to transfer data to the optical
distribution interface (ODI) and to the digital voice decoder (DVD). The POM can be
used to send a 32-bit data word, and a 16-bit tag to an external device. The ODI stripchart
interface will be described in the data distribution section of this paper. The DVD is an
IRIG standard digital voice decoder produced for the Range Division by Computer
Sciences Corporation (CSC). Located in the telemetry processor equipment rack, the
DVD receives data words containing digitized audio from the POM. The DVD outputs
analog audio to the mission control room voice communications switch.

Data can be output to a disk drive or to an external network using a data bridge module
(DBM). Each DBM has a secondary VME bus that can be used to support either a VME
single board computer (SBC) or another VME interface card. The DBM performs data
transfers back and forth between, the DBM VME bus and the PCD bus. A DBM and a
Force SPARC CPU-5V VME SBC in combination are called the disk output module
(DOM). In the RT/PFP, the DOM is used for two functions, these are data archiving
recording and to send data from analysis programs to the strip chart recorders. In the data
archive mode, the DOM outputs data in a Tag/Data format to a disk drive. Using the
under-powered SPARC 5 DOM, we have been able to achieve archiving rates of well over
1,000,000 samples per second.

The DOM also performs a second function in the RT/PFP system. If derived analysis
data needs to be displayed on a strip chart recorder, the DOM is used to transfer this data
to the stripchart recorder system. Derived analysis is not normally performed in the
telemetry processor rather this processing is performed on another workstation and
placed on the RT/PFP high speed network (HSN). A Silicon Graphics Incorporated
(SGI) Indigo2 workstation next to the telemetry processor receives the data from the HSN
and using a point-to-point Ethernet network transfers it to the DOM. After receiving the



derived analysis data from the Ethernet, the DOM sends this data to the POM via the PCD
bus and on to the strip chart recorders.

 A second identical DBM / SPARC 5 VME SBC combination is called the Interactive
Analysis and Display System (IADS) output module (IOM). The IOM receives data from
the PCD bus and transfers it to the IADS using a point-to-point Fast Ethernet network.
Selected data can then be transferred between the RT/PFP system and the IADS compute
data server.

A third DBM / Force SPARC 2 VME SBC combination are called the Ethernet output
module (EOM). In the typical O/S90 configuration, the EOM is used to send current value
table (CVT) data to display workstations over a network. In RT/PFP, we have retained
the EOM, but it is rarely used in the RT/PFP system.

Finally, three additional DBMs are used to transfer data from the PCD bus to the RT/PFP
high speed network (HSN). Mated to each DBM is a HSN network interface adapter. The
HSN will be discussed in more detail in the data distribution section of this paper.

Three SGI Indigo2 workstations and a standard RS/232 serial terminal are used to support
the RT/PFP telemetry processor. The serial terminal (through a four port switch box)
provides direct communications capability with the four Force single board computers in
the telemetry processor chassis. An SGI Origin 200 installed in the telemetry processor
rack functions as a dedicated data analysis process (DAP) processor. The DAP
processor function will be discussed in more detail later in this paper. An SGI Indigo2

functions as the O/S90 Setup and Control (S&C) workstation. Like the serial terminal, the
S&C workstation can also be used to access the telemetry processor SBC computers
through an Ethernet network.

The S&C workstation is used to distribute the RT/PFP mission load database (MLD) to
the RT/PFP system. From the S&C workstation, the MLD is transferred to the telemetry
processor and all the workstations connected to the RT/PFP system. The MLD contains
all the setup information needed to support a mission. Software developed by the RT/PFP
team, DVcorp and L3 Communications are all integrated together into the same common
command interface. The S&C workstation contains all RT/PFP mission preparation
software needed to build a MLD file for mission support. The S&C workstation can also
be used to display telemetry like a standard RT/PFP workstation. A second RT/PFP
workstation located next to the telemetry processor is used to display data, function as a
data analysis processor, and to provide derived analysis data to the DOM for display on
the strip chart recorders.



RT/PFP DATA DISTRIBUTION SYSTEM

Data distribution on the RT/PFP takes place over three networks. Data for the strip chart
recorders are transferred to the mission control room using the ODI built for the Range
Division by the CSC. Each ODI consists of a transmitter and receiver set. The transmitter
is located in the telemetry processor rack and the receiver is collocated with the L3COM
digital analog converter (DAC) system in the mission control room. The ODI system
transfers the data output from the telemetry processor POM over fiber optic cable to the
DAC system located in the mission control room. The DAC system is controlled remotely
by the RT/PFP command interface. The strip chart configuration (channel, recorder, and
room configuration) can all be reconfigured through the POM during the mission. Each
DAC system will support 96 strip chart recorder channels. Additional DAC systems can
be daisy chained to provide additional strip chart recorder channels if needed.

RT/PFP STRIP CHART DATA DISTRIBITION

The RT/PFP low speed network (LSN) is a standard 10-BASET Ethernet network. The
LSN is used for system command, control, and to transfer the MLD setup information
from the telemetry processor S&C workstation to the control room workstations. The
Ethernet network is also used to support the RT/PFP Hard Copy System. Command
from each workstation activating the hard copy system travels through the LSN. For large
mission control room applications, an Ethernet router is added to isolate the mission
control room network traffic from the telemetry processor and its attached workstations.

The HSN function is performed by the Universal Memory Network (UMN) produced by
CSC. The UMN provides multiple processors with direct access to network data via a
global shared memory. Applications access the UMN memory in the same manner as they
access other shared memory partitions. A typical shared memory partition provides
multiple tasks on the same system with access to the same range of physical memory
addresses. The UMN establishes a global shared memory partition where tasks running on
different processors can access the same range of physical memory addresses. Network
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data transfers are initiated by having one processor write into the local shared memory.
The UMN then propagates the write transfer to all the other shared memories on the
network. The UMN hardware handles all aspects of network data transfers; UMN
communication incurs no processor overhead and no network protocol is required. The
UMN also provides support for dissimilar computer architectures. Multiple computer
architectures can be connected into a single, homogenous network where any required
byte shifting is performed by the UMN hardware. The UMN is a bi-directional, write-only
bus (i.e., only write data transfers propagate along the UMN). The data bandwidth is 320
Mb/s (40 MB/s: one 32-bit data transfer every 100 nanoseconds).

The UMN architecture is based on a star configuration. All network data ultimately passes
through a central chassis (or Reflection Center) and is reflected back to all the other
chassis on the network. Multiple UMN chassis can be daisy-chained together to expand
the UMN network as required. In theory, there is no limit to the number of processors that
can be networked together. In practice, the total number of processors connected to
UMN is limited by the 40 MB/s UMN bus bandwidth.

Each UMN chassis is built around a shared memory interface (SMI)-32 bus. Twelve UMN
boards can be interfaced to the SMI-32 bus. Each RT/PFP UMN hub or chassis
configuration includes an SMI-32 shared memory board, up to six general bus adapter
(GBA) boards, and an SMI-32 broadcast reflection center (BRC) board. The memory
board contains 8 Megabytes of the memory utilized by the other SMI-32 interface boards.
Each GBA board provides access for two processors to the SMI-32's shared memory.
The GBA board contains two independent ports and each port is designed to interface to
a host processor interface (HPI) board. The HPI is equivalent to a network interface
board in other types of networks. The HPI-to-GBA cable is used to interface the
processor to the UMN chassis. This cable consists of three 60-pin shielded twisted pair
cables and is designed for distances up to 100 feet.

The BRC provides a bi-directional path between chassis; memory writes are propagated
between SMI-32s on each chassis. Two I/O boards are available for the BRC: the fiber
optic (FO) BRC-FO board and the twin-axial (TX) BRC-TX board. The BRC-FO board
provides a maximum UMN bus distance of 1-kilometer. The BRC-FO board uses 16
multi-mode fibers to transfer UMN bus data from chassis to chassis. The BRC-FO board
is normally used to transfer UMN data between rooms (data processing area to mission
control room). The BRC-TX board provides local chassis interconnectivity for a
maximum distance of 50 feet. For a small RT/PFP installation where the telemetry
processor and less then 8 workstations are located within 100 feet of each other, the BRC
board is only used to provide SMI-32 clocking. If additional workstations are required, a
BRC-TX board is used to daisy chain another UMN chassis for the additional



workstations. In room-to-room installations, the BRC-FO board is used to extend the
UMN bus between rooms.

RT/PFP HIGH SPEED NETWORK (HSN)

Each control room chassis is connected to a separate BRC-FO in the data processing
room. In case of UMN chassis failure in the control room, the remaining chassis will
remain functioning because of the direct connection. A negative aspect of this
configuration is the number of fibers that would need to be repatched to switch telemetry
processors between control rooms. A UMN “patch panel” was built for the Range
Division by CSC and this was installed at RMCC. CSC had previously developed a UMN
“patch panel” for the IFDAPS system at the Birk Flight Test Facility (BFTF). The BFTF
system was replicated and an eight by eight matrix was installed at RMCC. The RMCC
patch can currently support eight RT/PFP systems and eight mission control rooms. For
convenience, RT/PFP LSN Ethernet and ODI strip chart recorder fiber optic patching are
all co-located in the same area as the UMN patch.

RT/PFP WORKSTATIONS

The workstation currently used on the RT/PFP system is the SGI Indigo2 workstation.
The Indigo2 workstation runs the Irix operating system. Several models of the Indigo2

workstation are used in RT/PFP; most have a R4400 processor, and the Solid Impact
graphics adapter. A removable disk drive enclosure is used with each workstation. This
enclosure contains three  disk drives. One disk drive is used as the Indigo2 system disk.
The second disk drive is used for data recording. A third Jaz drive from Iomega
Corporation is used to provide walk-away data capability. Each RT/PFP workstation is
connected to the UMN using a HPI/EISA network interface card. The workstation is also
connected to the RT/PFP LSN/Ethernet. Other network interface cards can be added if
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the workstation is required to bridge data from external networks to the UMN. The
RT/PFP workstation can be operated in three modes. These modes include data display,
data recording, and data analysis processing. The workstation can be operated in a single
mode or in all three modes at once if required.

In display mode, the workstation is used to display telemetry. “Displays” or “views” in
RT/PFP are provided using a software package called DataViews developed by the VI
Corporation. Two elements make up the Data Views package, the DV-Tools graphics
toolkit, and the DV-Draw graphical editor. The DV-Tools routines were used to create the
real-time executive (RTX) software application developed by CSC. The DV-Draw
graphical editor is used off-line to develop real-time displays. Displays are built by
creating and defining multiple graphical objects on a screen. DV-Draw defines user
interface behavior in terms of rules. Rules in Data Views are composed of events,
conditions, and actions. A list of rules can be defined for a view and for every object in
the view. During a real-time mission, the views created using DV-Draw are read from disk,
displayed, and updated with data by the RTX software.

The RTX reads and processes the standard defined DV-Draw rules. The RTX increases
the capabilities of DV-Draw at the AFFTC, by introducing special keywords referred to
as RT/PFP keywords. The RT/PFP keywords are used to reference parameter data,
mission information or to invoke processing. For example, one keyword gives RTX the
capability to run a program inside a “draw port” embedded in the DV-Draw display. This
capability gives RT/PFP the ability to incorporate custom display elements into a common
toolbox (DV-Draw). Other keywords give the user the ability to perform unit conversions,
bit masking, and bit shifting inside the display. These capabilities reduce the number of
derived parameters required on the telemetry processor by distributing this processing to
the display workstation.

The RT/PFP graph modifier capability in RTX provides the capability for the user to
customize the display being viewed during real time. Graph update rate, symbol size,
symbol color, minimum/maximum scale, axis/label, and the parameters being viewed can
all be modified in real-time without using DV-Draw. All changes to the view made during
the mission can be saved. The modified view can also be distributed across the network
to all the users of the system if needed.

Display element update rates on RT/PFP are adjustable from one update every 5 seconds
to the ALL samples option. The ALL option provides the user with the capability to plot
all data points received by the RT/PFP telemetry processor at up to 100 samples per
second. Parameters with sample rates beyond 100 are automatically peak captured and the
resulting peaks (high/low) are plotted. This permits the RT/PFP system to display data at
sustained rates up to and beyond 800 samples per second.



If required, the workstation video signal can also be interfaced to a video distribution
switch for hard copy capture and/or video distribution. A separate sub system of RT/PFP
can be used to perform high performance hard copy support. On command from the
workstation, the hard copy system captures the video signal of the workstation and sends
the display image to a printer. This system does screen captures with only minimal screen
freeze (less then 2 seconds). Minimal screen freeze is important when real-time data is
being displayed. Display images can also be saved to the local disk as standard graphics
files.

Another RT/PFP workstation mode is the DAP mode. In this mode of operation, the
workstation functions as a real-time data analysis processor. Data input to the DAP
program comes from the UMN network, processing takes place in the processor, and the
results from the processing are placed back on the UMN network. The results of the DAP
program are available for display and recording on all the other workstations attached to
the UMN network. If the DAP results need to be displayed on a strip chart recorder, the
results can be sent back to the telemetry processor and on to the strip charts. As
additional processing power is required for mission support, additional workstations can
be attached to the UMN and used for DAP processing. A standard DAP application
programming interface (API) is used to integrate user provided software with the RT/PFP.
Alternatively, a standard library of digital processing functions can be used in place of
custom software. Multiple processing functions can be chained together and executed on
the DAP processor. A process editor is provided to help the system user with process
definition.

A variation of the DAP processing mode of operation can also be used to send and
receive data from external networks to RT/PFP. TSPI data, modeling and simulation
(M&S) data, and other external data sources can be read from the external network and
placed on the UMN. Telemetry data can also be returned to these external networks if
required. This capability is used to send vehicle position data received in telemetry from
RT/PFP to the Range Division TSPI data network. The TSPI data from global positioning
system (GPS) pods, tracking radars, or Air Traffic Control is received off this network by
RT/PFP.

The final RT/PFP workstation mode is data recording mode. In this mode, the
workstation can be used to record incoming parameters from the UMN to disk. Because
of the high throughput of the UMN, every sample of every parameter processed by the
telemetry processor is available to the workstation. The RT/PFP uses a buffered current
value table system called the historical current value table (HCVT) can be configured on a
parameter-by-parameter basis to insure no data samples are lost. The typical SGI
workstation used with RT/PFP can record 40,000 samples per second of data while still



providing real-time display support. A higher performance workstation dedicated to disk
recording can record rates at well over 1,000,000 samples per second if needed. Each
workstation user can start and stop the recording process on command. The RT/PFP
user interface provides information to indicate storage remaining on the workstation and
the status of the record process. After the mission, recorded data can be transferred to the
Jaz drive in a variety of data formats. The Jaz drive can be configured to provide a
personal computer (PC) compatible file system, so walk-away data can be exported to a
Windows PC.

SYSTEM SETUP AND OPERATION

The RT/PFP is configured using an RT/PFP workstation in mission preparation mode.
The mission preparation mode provides the necessary tools and functions to prepare for a
real-time mission including:

�  Display Setup �  Install Data Analysis Program (DAP)
�  Real-time Reports Setup �  Auto-Calibration Setup
�  Storage Setup �  Auto-Nulling Setup
�  Function Key Setup �  Strip Chart Recorder Setup
�  Scribe Screen Setup �  Mission Attributes Setup

The joint test data management system (JTDMS), a subsystem of RT/PFP, is used for
telemetry attributes management. The JTDMS provides historical management of telemetry
attributes for multiple test configurations and projects. The JTDMS provides the
capability to import AFFTC key stream files, IRIG standard telemetry attributes files, and
user-provided telemetry attributes transfer formats. JTDMS then creates the telemetry
database used by the RT/PFP telemetry processor. The same small server used for the
JTDMS can be used as a group development server for multiple RT/PFP mission
preparation workstations. After setup is complete, all setup attributes are saved in a
RT/PFP MLD.

The RT/PFP mission initialization (MI) software provides the functions for preparing and
initiating an RT/PFP system to support an operational mission. The mission initialization
software provides the user with the ability to setup, activate, and terminate the software
environment used during a mission. To begin support, the MI software is executed from
both the telemetry processor S&C workstation and a workstation located in the mission
control area. After logging into the S&C workstation, a status display shows all the
workstations logged into the networks and their status is displayed. The MLD to be used
for the operation is then selected and loaded from disk. The telemetry processor database
(created during the Mission Preparation process) is copied from the MLD automatically
from the S&C workstation to the telemetry processor. At this point, the operator on the



S&C workstation initializes the telemetry processor and the UMN. At mission completion,
all of these processes happen in reverse and all display changes, and updates to the
telemetry processor configuration are saved in a new MLD for archiving. If required, this
MLD can be used to load the system again at a latter time.
The RT/PFP software is instrumented so that all operations and commands are logged to
disk to support any problem resolution that needs to occur. Full diagnostics are available
for the telemetry processor, UMN, and Ethernet networks to support maintenance
operations. If the S&C or telemetry processor were to fail during the operation, the
operator can pick a quick (partial) recovery or cycle the system through a full recovery to
get the system back on-line quickly. System help files are available to the system operator
using a standard web browser. The RT/PFP development team also provides system
documentation on CD-ROM.

After the S&C and telemetry processor are ready to support, the mission control room
workstations are initialized for the mission. The MLD file is distributed to all the
workstations connected to the system. A single workstation in the control room can be
used to command and control all the other workstations remotely during this phase.
Remote login, logoff, recovery, cleanup, and system reboot for one or all the MCR
workstations can be performed from one location. Once a successful logon occurs,
operational use of the RT/PFP system can begin. A setup file containing only the displays
and configuration information needed for a single user or sub-group of users can be
created. We call this a discipline file in the RT/PFP system. A discipline file can be
selected during MCR mission initialization, the discipline assignment setup information
established by the user is accessed, and all elements (local recording, function keys, etc.)
will be preloaded.

The mission operation software provides the user the following functions:

�  Graphic (DataViews) Displays           �  Auto-Nulling Functions
�  Function Keys                                          �  Mission Preparation Fixed Reports
�  Local Recording Functions �  DAP Execution/Monitoring
�  Mission Attribute Modifications �  Graphic Display Hardcopy
�  Parameter Attributes Functions               �  Mission Storage and Control.

During mission operation the MCR, system is continuously being monitored for failure
conditions (e.g., display failure). If a failure condition is detected, the RT/PFP will
automatically inform the user and request a recovery or logout. A partial RT/PFP recovery
will re-initialize all RT/PFP programs. In this case, to save time, the MLD is not
redistributed. Before recovery initiation, the user will be asked to confirm the recovery
request. A full RT/PFP recovery will re-initialize all RT/PFP MCR programs including the
graphic displays, internal message loggers, and mission initialization control menu. After



auto recovery, the workstation will return to the same display that was running when the
workstation failed. Because of the UMN star configuration, a workstation with problems
does not affect the other workstations on the system.

RT/PFP DEPLOYMENT

The RT/PFP is currently deployed in three Range Division facilities and in a mobile
configuration. At Birk flight test facility (BFTF), the IFDAPS at that location are being
replaced with the RT/PFP system. At the Falcon North facility, an older L-3
Communications telemetry processor has been replaced in the real-time support role by
the RT/PFP system. Ridley Mission Control Center is using the RT/PFP system to
replace the IFDAPS. The RT/PFP at RMCC is also being used to provide telemetry
processing display capability to the AFFTC Range Safety Office. The RT/PFP system
has also picked up the dedicated postflight data processing role at RMCC. This means
rather then having unique systems to do post test telemetry data processing, RT/PFP
performs this task as needed. A mobile version of the RT/PFP system has been deployed
and used for remote customer support. All RT/PFP systems are compatible with each
other. A MLD file built at Falcon North can be used to load a system at RMCC or in a
mobile van.

A single RT/PFP sustained engineering group supports all three Range Division facilities
from a central development laboratory. This engineering group replaces three other groups
previously used to sustain the different telemetry processing systems at each mission
control facility. The development lab is equipped with a software development area, a
RT/PFP system and a mockup mission control room. Local support for the RT/PFP
system is provided at each mission control facility by a small team of system analysts,
system operator maintainers, and customer support personnel.

CONCLUSIONS

A planned mid-life improvement program has been programmed for RT/PFP. The goal of
this improvement program is to reduce operating costs and to increase system
capabilities. The shared memory network architecture, a modular expandable telemetry
pre-processor, and multifunction workstations have been the enabling tools of the
RT/PFP. To further reduce operating costs, the existing workstations used for telemetry
display will be replaced with a lower cost platform. We are also looking at follow on
replacements to or upgrades of the UMN network. We are looking at converging many of
the features of RT/PFP and the IADS system into a single unified common display
system.



The RT/PFP has given the Range Division a substantial jump in telemetry processing
capability and flexibility. More data is being processed in real-time at the Range Division
then ever before. The user leaves the mission control room at the conclusion of the test
mission with recorded data on a Jaz cartridge (telemetry, TSPI, and some analysis).
Advances in telemetry attributes management and system setup capabilities have provided
us the flexibility to support a new customer in a few days rather then a few weeks. The
reliability of RT/PFP is far better then previous telemetry systems used by the Range. The
RT/PFP system is flexible enough to meet any telemetry processing challenge we can see
at the Range Division in the near future. Joined with the other two component systems of
ADAPS, APTAS and IADS, we feel RT/PFP it is the most capable telemetry processing
system used in flight test today.
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INTERACTIVE ANALYSIS AND DISPLAY SYSTEM (IADS) TO
SUPPORT LOADS/FLUTTER TESTING
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ABSTRACT

The Interactive Analysis and Display System (IADS) provides the structures flight test
engineer with enhanced test-data processing, management and display capabilities
necessary to perform safety critical aircraft analysis in near real-time during a flight test
mission. The IADS provides enhanced situational awareness through an analysis and
display capability designed to increase the confidence of the engineer in making clearance
decisions within the Mission control Room (MCR) environment. The engineer achieves
this confidence level through IADS’ real-time display capability and simultaneous near
real-time processing capability consisting of both time domain and frequency domain
analyses. The system displays real-time data while performing interactive and automated
near real-time analyses; alerting the engineer when displayed parameters exceed
predefined threshold limits. Real-time data and results created in near real-time may be
compared to previous flight test data to enhance the user’s confidence in making point-to-
point clearance decisions.

The IADS provides a post flight capability at the engineer’s project area desktop, with a
user interface common with the real-time system. The post flight IADS provides all of the
capabilities of the real-time IADS with additional data access and data organization,
allowing the engineer to perform structural analysis with test data from the each flight and
compile summary plots and tables over the most of the test program. The IADS promotes
teamwork by allowing the engineers to share data and test results during a mission and in
the post flight environment. This paper discusses the system overview and capabilities of
the IADS.
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INTRODUCTION

The Interactive Analysis and Display System (IADS) was developed for the Air Force
Flight Test Center (AFFTC), Edwards AFB, CA by a team consisting of Air Force and
SYMVIONICS, Inc. software engineers to increase the efficiency of the flight testing
process. In the past, the flight test engineers in the MCR primarily monitored data for
safety-of-test considerations and data quality. The data was later evaluated to determine
aircraft specification compliance. The IADS provides the engineer with advanced data
organization, and processing and display capabilities both in the MCR and at the office
desktop. Previous real-time structural analysis systems were very time consuming and
limited, so most of the flutter testing analysis was conducted in a post flight environment.
During critical test conditions, real-time flutter clearance decisions came slowly by using
interactive analysis techniques designed for a post-flight analysis environment. Strip charts
were the main tool for displaying time domain data. A flutter analysis system running on
one independent workstation provided spectral analyzer tools such as power spectral
density (PSD) and Nyquist plots. For loads testing, strip charts were used as the primary
data display source. In many cases, loads analysis decisions required the engineer to hand
plot peak loads from the strip chart time-histories onto paper cross plots containing design
load limit envelopes.

The primary source of post flight data for the structures engineer was analog tapes
processed after the completion of the test mission. This process introduced delays into the
test point clearance process, ranging from several hours to days. The engineers at the
AFFTC are now being faced with program objectives which require much higher flight test
efficiency rates than in the past. These rates cannot be supported with the previous
analysis systems. The engineers need to make quicker clearance decisions based on more
detailed MCR analysis; therefore, analysis results obtained during the flight test mission
must be available to the engineer at the desktop within a short period of time after the
flight. In response to these needs, the AFFTC structures test community developed a set of
operational requirements for the next generation of structural test analysis systems. The
IADS was developed to meet these requirements. The purpose of the real-time IADS is to
provide the engineer sufficient resources within the MCR to allow enhanced safety-of-test
monitoring and advanced near real-time analysis capabilities to support test point clearance
decisions in a timely manner. The post flight IADS provides additional data manipulation
and advanced data organization and processing at the engineers desktop.

The IADS displays real-time data while simultaneously performing manual and automated
near real-time analyses. Summary reports in the form of plots and tables are available
during and after the test flight. These reports can be updated both manually and in an
automated fashion, and shared with other engineers, both in the MCR and in the post flight
environment. The IADS provides the capability for automated analytical processing. These



processes can be triggered and/or driven by either user-entered data or telemetered
parameters (e.g., flutter excitation system state parameters), or both. The IADS allows the
engineers to transport engineering unit test data, and results from near real-time analysis,
from the MCR back to their desktop for use in post flight analysis. The requirement to
obtain data from the aircraft tape before next-flight clearance is no longer necessary.
Rather, the engineer will use data collected in real-time and transported to the post-flight
IADS to make timely analysis decisions. Aircraft tape data will be used only to supplement
the data collected in real-time, and the amount of data requested from the aircraft tape will
be significantly reduced, thus, saving time and money.

SYSTEM OVERVIEW

The IADS is comprised of two primary configurations: real-time and post flight. For each
configuration, the IADS has an architecture which combines both data-driven and
client/server elements. The primary real-time data path through the IADS, from acquisition
through display, is data driven. Data is sent from the telemetry preprocessor to the
compute data server, where it is stored, buffered, and edited as defined in a parameter
defaults table. The data is then forwarded to the display station for presentation to the
engineer. Depending on the type of display presentation requested, the data may undergo
additional processing at the display station. All filtering, transformations, and analysis are
performed at the display stations. Each of these configurations provides consistent
capabilities through common software and hardware. As shown in Figure 1, each IADS
configuration consists of four major components: Compute Data Server/Post Flight Data
Server (CDS/PFDS), Data Distribution, Display Stations, and Group Data Storage.

The Compute Data Server/Post-Flight Data Server (CDS/PFDS) provides data acquisition,
data management and data editing capabilities. The current CDS is a multiprocessor high-
speed computer, which supports the real-time needs of the IADS. The software is dual
ported to run on both a Silicon Graphics, Inc. Power Challenge under IRIX 6.2 and a
Windows NTTM 4.0 server. In real-time, data is received from a commercial-off-the-shelf
telemetry pre-processor (TPP) via TCP/IP over fast ethernet. All relevant data formatting
is performed on the CDS, making the TPP interface as simple as possible. In the post flight
environment, the data source is the group storage saved from one or more previous flights
and loaded onto the PFDS.
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Figure 1.  The Interactive Analysis and Display System (IADS) System Architecture

Data distribution provides the distribution of real-time, post flight and analysis data
between the CDS/PFDS and the display stations. In the real-time configuration, an
Asynchronous Transfer Mode (ATM) network provides the needed throughput for data
distribution. In the post flight configuration, fast ethernet is used. The IADS data
distribution software is designed such that it may be modified to use any packed-based
technology.

The display station provides the graphics and user interface to support both real-time and
post flight operations. Open GL graphics language is used on a Glint-based graphics card
running in a dual processor NTTM workstation. The dual processor configuration allows the
workstation to perform a significant amount of processing, keeping data traffic and delays
to a minimum. Tasks performed at the workstation include 20-plus digital filters, threshold
monitoring, fixed block computations and many more. Each display station is capable of



displaying up to 100 parameters simultaneously at data rates of up to 800 samples per
second (sps).

Group data storage retains the information requested by the engineers for future analysis.
The system has the capacity to store up to 90 minutes of data (200 parameters at 800 sps)
during real-time operations. This data, along with setup information, configuration data,
and analysis results data, is transferred to the post flight configuration via a compression
algorithm and removable media.

The initial IADS software was delivered in March 1998, and as with most initial software
releases, did not meet user expectations. Since then significant change requests have been
documented and implemented. The latest versions have been readily accepted by the user
community and now provide an effective tool for support of structures flight test.

CAPABILITIES

The IADS is designed to support an engineering workgroup concept. In this concept, a
group of engineers from one or more engineering disciplines share the system during a
flight. The IADS provides both group and individual support to the workgroup. For
example; digital filtering defaults are set at the group level, but may be modified by each
individual engineer. The IADS organizes the test data so that each engineer may monitor a
specific set of data, but the data is removed from the MCR at the workgroup level. Each
engineer may perform their own data analysis, or the system may compute automated
analyses, but all engineers within the workgroup can have access to the results of the
individual and automated analysis. Currently the real-time IADS is sized to support 13
engineers simultaneously, while the post flight system can run in an independent mode
allowing each workstation to function as a server, client, or both.

Analysis Capabilities

In the area of test data analysis, the IADS provides capabilities to the Structures engineer
at the workgroup and individual level. The IADS analysis capabilities include algorithms
for both time and frequency domain processing, in real-time and near real-time, for both
interactive (manual) and automated modes. The engineers may choose to use the
workgroup level settings for the system or may chose to override these with their own
settings, including digital filtering, sample rate decimation*, parameter threshold limits,
and parameter scaling. The engineer may also change display types and/or the size of an
individual display, or drag and drop new parameters into existing displays, all of which can
be performed in real time. The engineer may perform analysis on real-time data from the
current test point or from previous test points within the current or previous missions (post
flight). The engineers may combine their analysis results with results from others within



the workgroup. The engineers may monitor real-time parameters, both time and spectral,
or they may chose to freeze a set of parameters and perform more detailed analysis. This
detailed analysis may be of time or frequency domain data, including:

Time Domain Analysis:
• Log Decrement
• Log Decrement Averaging
• Log Amplitude Picking
• Time-History Curve Fitting
• Randomdec
• Pseudorandomdec
• Autocorrelation

 

 Frequency Domain Analysis:
• Spectral Analysis

• Autospectrum
• Power Spectral Density (PSD)
• Inverse Fourier Transform (IFT)
• Transfer Function (magnitude, phase, real, imaginary, coherence, bode plot,

nyquist)
• Damping Calculations (half-power method, frequency curve fitting)*

 

 Display Capabilities
 

 The IADS provides the engineer with a display tool set optimized to aid in the task of data
analysis and situational awareness, and display the test data in a format which allows the
engineer to efficiently and confidently make test point clearance decisions. This display
tool set includes high fidelity time-history displays eliminating the need for strip chart
recorders. The engineer can fully interact with the time-history display to freeze and scroll
back in time, zoom, annotate/mark events and select data points on which to perform
requested analysis. Other options allow the engineer to change chart speed, colors, grids
and scales, as well as display multiple parameters (6+) within the same strip chart display.
These interactive capabilities are available through drag and drop, toolbars, mouse
selections, and menus.
 

 In addition to time-history displays, IADS provides numerous other interactive display
tools. These include:

 

• Cross Plots with Envelopes
• Slider Displays
• Table Displays



• Annunciator Displays
• Alpha Numeric Displays
• Figure Displays**

Other display and editing functions available on the system include options for color
thresholds for both time-history and annunciator displays, and max value/peak hold/design
load limit on sliders, PSDs and cross plots. There are also various methods for selecting
and marking points or times in the displays for use in a later analysis.

Figure 2 represents a depiction of an analysis window with time-history and alpha numeric
displays, and PSDs. Various editing functions can be applied to any of the displays, such
as filtering (Butterworth and Elliptic*), color thresholds and wild point editing. Additional
editing functions like adding spectral lines, averaging, and windowing (Hanning,
Hamming, Kaiser-Bessel and Blackman) are also available in the frequency domain.

The IADS displays analysis results in the form of summary plots and summary tables. The
IADS plots the results of the predefined primary analysis method(s) for each summary plot
and summary table. These results can be used for comparisons of current as well as
previous flight test results to analysis model predictions, and to establish trends in the data.
Results from secondary analysis methods are also available to compare with predicted
data.

Data Organization Capabilities

Efficient data organization within the IADS is essential to support the analysis and display
capabilities described above, and to provide the engineer with the flexibility in what is
brought into and carried away from the MCR. The IADS provides the engineer with the
mechanism for importing summary plots and tables from previous flights into the MCR for
comparison with the current mission test data. The IADS provides the workgroup with a
“walk-away” storage capability of at least 90 minutes of test data for up to 200
parameters. The workgroup may use this storage to transport test data of interest, user
configurations, analysis results, summary plots and tables, and other necessary data from
the MCR back to their desktop for further analysis. The post flight IADS provides the
engineer with additional opportunity to perform analysis, data comparisons, and evaluate
test data results.

CONCLUSION

The IADS is a combination of current state-of-the-art commercial technology (telemetry
preprocessor, compute data server, display stations, and networks), standard interfaces,
and custom software. This system provides the Structures engineer with advanced data



organization and processing both in the MCR and at the engineer’s desktop, increasing the
efficiency of the engineer for point-to-point flight clearance decisions and during post
flight analysis. The system uses extensive drag and drop and popup menu technology to
provide an almost intuitive graphical user interface. With a common interface between the
real-time and post flight systems, and a plug and play data transmission mechanism, little
training has been required for the structures engineers to make effective use of the system.
The IADS has revolutionized the methods and concepts associated with real-time
structures analysis.

*Not implemented yet
**Implemented, but not fully tested
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ABSTRACT

This paper describes the recently developed F-22 real-time telemetry data processing
system. The F-22 Combined Test Force (CTF) and the Range Division worked together
to develop a real-time telemetry processing system able to support the F-22’s fast paced
flight test program. This paper provides an overview of the Ridley Mission Control
Center (RMCC) modernization effort for F-22. The paper also describes how the F-22
uses the Advanced Data Acquisition and Processing Systems (ADAPS) Real-Time/Post
Flight Processing (RT/PFP) system, the Integrated Analysis and Display System (IADS),
and other mission control room system’s for F-22 mission control support.
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INTRODUCTION

The F-22 uses a state-of-the-art instrumentation and telemetry data processing system to
support flight testing at Edwards Air Force Base. The F-22 telemetry data processing is
managed by the F-22 Data Processing Integrated Product Team (DP IPT). The F-22 DP
IPT is a joint contractor government team. The F-22 DP IPT broke the F-22 telemetry
processing task into three segments. Lockheed Martin Aeronautical Systems Company
(LMASC) performs telemetry data processing at Marietta Georgia. Post-test telemetry
data processing at Edwards AFB is accomplished by a joint F-22 CTF team. The Range
Division performs real-time telemetry processing at Edwards AFB. This paper will
describe the development of the F-22 mission control capability at Ridley Mission
Control Center.



F-22 LARGE MISSION CONTROL ROOM

CONTROL ROOM DESIGN AND CAPABILITIES

We at the Range Division had the rare opportunity to redesign our control rooms for the
Air Force’s next generation fighter aircraft and their testers. Because of the long period
between the end of the F-22 demonstration and validation (DEM-VAL) test program and
the start of F-22 engineering and manufacturing development (EMD) flight testing, we
had some time to do this control room redesign and we wanted to do it right. A common
mistake seen in the past at the Range Division was to design and build a product in-house
without outside input and then try to sell it to the customer. Neither the control room
customer nor the control room operator/maintainer were involved in the design process.
Consequently, the control room design was not optimized either for operation and
maintenance or the flight test customer’s needs. We did not want to fall into that trap.

Our first step was to query our users on what they liked and disliked about the control
rooms they had used in the past. Surveys were sent out to every flight test engineer at
Edwards AFB (both government and contractor). We received many detailed responses
from many organizations. The most detailed response came from the F-22 CTF. The F-22
CTF was just being staffed up, and many flight test engineers had recently left other
flight test programs at Edwards AFB to join the F-22. This provided us a great cross
section of control room experience from a wide spectrum of test programs.

Designing a control room with so much input from the customer became easier than it
may seem. A general theme emerged from the Edwards AFB flight test community. For
the customer, a work area with as much capability as possible was highly desired in the



control room. For the test conductors, the ability to see everyone in the room and have
everyone in the room see the test conductor was their number one request. Along with
customers from the F-22, customers from other CTFs met with the Range and started
designing consoles to meet the needs of all parties. Along with console rack elevation
drawings came proposed control room floor layouts. Each console was designed from the
start to support two flight test engineers. In past control room designs, additional
personnel were always crowded into space designed for a single person. Range
engineering personnel rather than focusing on console design or room layout, worked on
solving problems, which in earlier control room designs had prevented us from meeting
the customer’s expectations.

Each console is built around two custom 19-inch instrumentation racks. A high console
was developed which was to be located around the control room perimeter. A low
console was also developed and this was to be placed in the center of the control room.
Each console has two primary display devices. The primary data display can either be a
workstation supporting a graphical software package or a pen/ink stripchart unit (high
console only). The high console is divided into upper and lower sections. The upper
section of the high console contains video monitors and communications terminals,
which provides a dual video display.

F-22 CONTROL ROOM FLIGHT TEST ENGINEER STATION

Hard disk enclosure

IRIG time display

Workstation repeater

RT/PFP workstation

Bookshelf for
flight manuals etc.

Stripchart amplifiers

Video monitors

Video switch
control

8 channel pin strip chart



The customers were not the only group to be involved with the design of the mission
control room. The Range Division Operations and Maintenance (O&M) group was also
consulted in the design of the mission control rooms. The O&M group came up with
several ideas that were incorporated into the design of the control room to help
troubleshoot and repair equipment quickly. Space was allocated around each console to
provide room to work. Lighting, access doors, and cabling were all optimized for quick
turnaround maintenance.

The best O&M idea was to create a built-in cart to house the primary display unit in each
high console. If a workstation or stripchart fails, the cables can be disconnected, the cart
then unhooked and removed, and a standby cart placed back into the empty spot. The
cabling and power would be reconnected and the console would be ready for use. The
whole process takes about 5 minutes. As an example, when a stripchart failed during a
recent F-22 mission, a Range maintenance crew was called and rolled a backup stripchart
into the control room. While the F-22 was air-refueled from a KC-135 tanker, the test
conductor gave the “go” to replace the stripchart. The maintenance crew went to work
and had the unit replaced in 5 minutes. Because of the many test disciplines present in an
envelope expansion test program, even losing a single display device can hamper the
mission.

Four mission control rooms were required to support the F-22 flight test program at
Edwards AFB. Six existing mission control rooms at Ridley Mission Control Center were
rebuilt into two 48-person and two 32-person mission control rooms. An existing Time
Space Position Information (TSPI) data processing room and a classified conference
room were converted into a telemetry data processing room and a video processing room
respectively.

Currently each 48-person mission control room at Ridley Mission Control Center is
equipped with 23 Unix workstations, 14 Windows NT-based workstations, 11 strip chart
recorders and 4 positions equipped with video display repeaters. Each 32-person mission
control room at Ridley Mission Control Center is equipped with 21 Unix workstations, 2
Windows NT-based workstations, and 8 strip chart recorders.

The primary graphical workstation used in each control room is the SGI Indigo2

workstation. Each Indigo2 runs the ADAPS RT/PFP System software. The RT/PFP
system uses a modified version of the commercial off-the-shelf program, DataViews, to
display flight test telemetry. Early on in F-22 flight test planning, Data Views was chosen
as the common display development environment to be used for testing the F-22. The
same Data Views displays were used in the mission control room at Marietta, Georgia
and in the F-22 Vehicle Management System (VMS) simulator at Fort Worth, Texas. The
F-22 structures test community has supported a new processing system also developed by
ADAPS called IADS, which supports complex data processing for structural analysis of



aircraft and weapon systems. The IADS operates on Windows-NT based workstations,
and uses many advanced display capabilities.

The F-22 control rooms have a mix of old and new display technology. Along with
RT/PFP and IADS, traditional 8-pin stripchart recorders are also installed in the mission
control room. The control room is populated with this type of stripchart recorder rather
than thermal (or any other type) stripchart recorders to meet the requirement that the
engineers need to see and hear the pens move. Rather than force the customer to adapt to
a new display device, existing pin stripchart recorders were reconfigured to the new
console design. We hope that as the capabilities of the graphical software in the area of
the video stripchart increase, more engineers will move off the paper units for the
graphical type. The goal of the Range division is to achieve a paperless control room
(similar to the goal of the F-22 CTF to become paperless as well).

The video capability in the F-22 control rooms is a significant improvement over the
equipment that was previously installed in Range Division control rooms. Previous
control rooms had several large video display screens mounted at the front of the control
room. Often the text on these screens was too small to be viewed by the control room
user. The test conductor centrally controlled the screens. Many customers indicated to us
that these screens were of little value except to impress control room visitors. Additional
flight test engineer consoles replaced the space that was formerly used for large screen
displays. Customers indicated that video at there console, with the video sources
controlled by them, and including the capability to view other workstations in the control
room was what was really needed.

An off-the-shelf dedicated Red-Green-Blue (RGB) video switch is located in each control
room. This video switch is capable of rerouting workstation video to a repeater video
monitor mounted in each console in the control room. All video entering the control room
is converted to the same high resolution as the control room workstations. This preserves
the quality of the workstation video for display on a repeater workstation. The video
switching capability gives each engineer at their console the capability of watching the
video source of their choice for that mission or repeating a data display from another
workstation in the control room. The TSPI and Edwards AFB weather information is also
repeated on this video system. Two additional small video monitors are mounted in each
high console and can be used to view video from outside the control room. Each control
room can receive eight video feeds from outside the control room. Outside video sources
include Heads Up Display (HUD) video telemetered from the F-22, and video of the F-22
from telemetry trackers, and tracking radars. Cameras located in the F-22 CTF compound
are used during pre-mission operations, and this video is sent through the base local area
network to RMCC.



Control rooms with many disciplines need a multi-channel communications system. Each
engineering discipline has a separate intercommunication network. Another
intercommunications network ties the whole mission control room to the test conduct
team (test conductor, test director, scribe – who documents mission events, and range
control officer). The test conductor then relays information to the test aircraft. The
communication terminal at each console can be configured with up to fifteen separate
channels for internal room intercoms, support areas internal to RMCC, or to radios to
communicate with the pilot and other support groups (instrumentation, aircraft crew
chief…) on the flight line. Each communications panel can be configured differently so
that they can be customized to the needs of different control room users.

MODE OF OPERATIONS

At the Air Force Flight Test Center (AFFTC), the start of a new high profile flight test
program is a unique experience. Usually the experts from every flight test discipline
migrate to the new flight program because of their experience and insight. This provides
a wealth of knowledge but also a wealth of differing opinions about how flight test
operates. A hierarchical structure was developed to incorporate all the test requirements
for all the flight test disciplines. This system avoided conflicts between disciplines and
set operations standards for the control rooms. The operations structure mirrored the F-22
test team structure. The test conductor group at the F-22 CTF became our single point for
general control room requirements. These personnel are the leads for all flight test
operations and it is their responsibility to insure that the control room and the test support
engineers are prepared in a manner to support their tests. The test director also has the
responsibility to insure the mission is productive and safe. This means “to give the
support engineer team everything they need to support a mission but not too much as to
distract them from the mission.” Each flight test engineering discipline has a unique
requirement set to gather, organize, and display data in realtime. Using the standard
configuration of the high consoles, sections of the control room were organized and laid
out for each discipline to accomplish their mission.

To support a mission, the Range Telemetry O&M Group loads the mission file onto the
Telemetry Pre-Processor (TPP) and then into the control room from an Iomega Jaz
removable hard disk. The Jaz cartridge contains the telemetry processor load file, all the
Data Views displays, and all the other components needed to support an F-22 mission in
a mission control room. Each workstation is loaded with all display and setup files. A
flight test engineer can sit at any workstation in the room and retrieve all the files they
need to run their part of the mission. Four Indigo2 workstations are brought on-line and
loaded with data analysis programs (DAPs) that will run during the mission. The DAPs
allow each workstation to gather input data from telemetry, calculate derived parameters
from the data, and output the results to the data network. Other RT/PFP workstations on
the network can then view this data in realtime. The IADS Compute Data Server is



brought on-line, the interconnectivity with the RT/PFP system is checked out, and IADS
workstations are prepared for the arrival of the F-22 structures engineers.

F-22 LARGE MISSION CONTROL ROOM DISCIPLINE CONFIGURATION

An Ampex DCRSi telemetry recorder is loaded with media and made ready to record the
incoming telemetry streams. The DCRSi, RT/PFP, and the video control center (VCC) at
RMCC are all configured to receive the incoming telemetry. The VCC videotapes any
outside video sources used by the F-22 test on videotape. The air-to-ground
communications system and the intercommunications networks used during the F-22 test
are configured by the Edwards’ Digital Switch. Several communications channels are
sent to the data processing room and to VCC to be recorded on the DCRSi and
videotapes.

Three telemetry-tracking antennas are used to support an F-22 mission. One antenna
views the F-22 CTF compound, and follows the aircraft while it taxis to and from the
runway. Another antenna located at Birk Flight Test Facility tracks the aircraft on the
runway, and while the aircraft is in the landing and takeoff pattern. A third antenna
located in the Rosamond hills about 10 miles west of RMCC tracks the F-22 for the
majority of the test mission. The Range Data Acquisition and Transmission System
(DATS) brings telemetry and tracker video from all three antenna sites to RMCC.
Telemetry from each F-22 mission is also transmitted to Marietta, Georgia. Before and
during the test mission the Range Control Officer can communicate with the entire Range
F-22 support team over intercommunication networks.
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After the control room is ready, the aircraft telemetry comes on-line and the control room
support team performs an end-to-end system validation. When the real-time system
passes validation, a telephone call is made to the CTF and the engineers are told the
control room is ready.

The F-22 test team enters the room and starts setting up their console to support that
day’s mission. The communication panel needs to be configured with their discipline and
room network requirements. Each communication channel can be activated by either a
foot pedal switch or a hand switch. Their primary telemetry displays are brought up on
the workstation. Both IADS and RT/PFP let the engineer make any last minute display
changes that are needed. The engineer can configure the workstations to record a set of
parameters during the flight for end-of-mission download. This data can be taken back to
the F-22 CTF on a Jaz cartridge for data trend analysis and post-test time-slice
refinement. Any workstation function key setups are loaded and the outside or
workstation video sources are switched to the preferred monitor. Any last minute
calibration changes or processing algorithm changes are brought by the instrumentation
engineer and entered into the RT/PFP system.

Usually the last two of the test team to arrive are the test conductor and test director.
After the test conductor and the test director have set up and are ready to go, they perform
a control room communications check. Each discipline around the room calls the test
conductor and gives a “go” indication or a problem report. At this point, anyone walking
into the control room would find a quiet and still room but actually, this is not what is
happening. Because of the communications system, the engineers can talk amongst
themselves and to the test conductor without moving, turning, or speaking loudly. Once
they put on a headset though, the room comes alive with disciplines discussing and
evaluating their data, cross-discipline discussions about procedures, continuous updates
to the test conductor and tests director, and communications between the test conductor
and the test pilot and or chase aircraft.

The pilot arrives at the aircraft at the same time the test conductor arrives in the control
room. All pilot audio is captured by the telemetry system and this “hot mike” is
telemetered to the ground in the telemetry stream. The telemetry processing system
extracts these voice communications out of the telemetry stream and sends it to the
control room communications system. The pilot only has to talk and the “hot mike” will
pick him up and send his voice to the control room. The pilot can continuously talk to the
entire test team in the room without broadcasting over the radio. By giving the engineers
as much information as possible about the test maneuver being executed, the engineers
gain more insight as to what the aircraft is doing and what the data are showing them.

Once the mission is underway, the control room team stays prepared to handle any
problems that occur with the control room or telemetry processing systems during the



mission. A problem report could be anything including bad readings from data
parameters, broken headsets, or a failed display workstation. On those occasions, the
engineer will call the support team in the back of the room over another communications
network to work the issue before reporting to the test conductor. The support team in the
back of the room consists of the range control officer (RCO), a telemetry systems analyst,
a customer support person from the Range O&M group, a customer support person from
the IADS development team, and an instrumentation person from the F-22 CTF.

The support team is connected to every support area inside and outside the building by
the control room communications system. Through this communications network, they
have access to anyone needed to troubleshoot any problem that cannot be solved in the
control room. Data problems and equipment problems can be looked at in the control
room. Data issues can be worked concurrently by the Range person and the
Instrumentation person. Information about problems being worked outside of the room
can be relayed through the RCO to the test director or test conductor quickly. By having
all parties on the communications network, problems, issues and last minute changes can
be coordinated quickly and efficiently.

The test mission is very fast paced. Every test point is scripted to avoid any uncertainty
that would waste valuable test time. Workload in the control room is heavy for every
group in the control room throughout the length of the mission. The engineers monitor
the health of the aircraft from engine start to engine shutdown. They also monitor critical
parameters during mission test points. The control room mission support team also has a
heavy workload. They validate the control room systems when the telemetry system
comes on. If engineers report any problems, the team works quickly to resolve these
problems to prevent flight delays.

Close coordination between the control room team and the telemetry antenna operators is
needed when the aircraft taxis to and from the runway. Blind spots, telemetry multi-path
off the hangers near the taxiway, and poor telemetry coverage zones make it difficult to
track the aircraft from the compound to the runway. Hand-off calls need to be made
between telemetry antennas as the aircraft moves from one coverage zone to the next.
The telemetry processing system operators constantly choose the best source of telemetry
for the telemetry processor during this time. Supporting an F-22 flight test mission
demands a lot of concentration from all members of the F-22 control room team (flight
test engineers and control room staff).

DATA GATHERING AND MONITORING

The amount of data monitored by each flight test engineer in the control room has
increased by an order of magnitude from previous flight test projects. During envelope
expansion flight testing of the F-16 aircraft, the telemetry data rate was 512 Kb/sec and



the number of data parameters processed at that rate was about 1,000. Today the F-22
telemeters two 5-Mb/sec data streams. One data stream is dedicated to sending data
parameters; the second data stream can be used for video telemetry or additional data
parameters. When both F-22 data streams are used to send data parameters, the telemetry
processor is receiving over 11,000 parameters at an aggregate rate of 10 Mb/sec in
realtime. The previous telemetry processing benchmark at Edwards AFB was set by the
Integrated Flight Data and Processing Systems (IFDAPS) in 1980, which processed
10,000 parameters in two 1.2 Mb/sec data streams from the B-2 Bomber.

The amount of data being sent to the ground for monitoring made the older telemetry
processing and monitoring systems at RMCC obsolete. The new ADAPS systems can
process and display more information than the engineer could previously look at in a
control room. The engineers had to redesign their display concepts to take full advantage
of the new workstation’s capabilities. Color thresholds indicate when parameters start
going out of limits. Hot keys on the displays allow the engineer to mouse click on the
section of the display where the parameter is positioned to jump from a general display to
a ten-parameter specific display for a detailed analysis on the parameter going out of
limit. A logic tree of displays can be built to go from a general system display to specific
displays showing exactly what is transpiring on the aircraft. Local recording groups can
be loaded to record trend data throughout a flight. The aircraft data tape is a critical item
for flight test and duration of the tape is limited. When the tape is full, the test mission is
over. To conserve the tape, the pilot turns recording on at the start of a test maneuver and
off at the end of a test maneuver. Trend data is impossible to obtain from the aircraft tape.
Local recording allows an engineer to get this trend data digitally and to take it back with
them at the end of the test mission. Post-test time slices can also be obtained from this
data which helps the engineer to focus their post-test data requests to specific times
needed. When an engineer can focus their post-test data sets, it means less time hunting
and reviewing the previous mission and more time preparing for the next mission. This
increases productivity and provides the capability for the engineers to make quick
clearance calls that keep a fast paced project on schedule.

The F-22 structures engineers use the IADS system to monitor their data. IADS can
perform the complex formula computations needed to analyze their data in a near real-
time manner. The structures engineers can obtain results right after a test maneuver is
performed and clear the aircraft to the next test point. Obtaining structural analysis
answers while an aircraft is airborne, allows more test points to be accomplished per
sortie and a more productive mission. The IADS system records all their needed data on
the system’s data hard drive. At the end of the mission, they download their data to a
walk-away Jaz data cartridge, which is then uploaded to an IADS system located at the
CTF. The same system used in realtime is also used for pre- and post-test analysis. IADS
is another example of the convergence of realtime and post-test analysis being seen in
flight test data processing at Edwards AFB.



CONCLUSIONS

We hope this paper has provided an understanding of the F-22 control room concept of
operations. With the capabilities built into the F-22 control rooms, we have the means
needed to support and execute complex F-22 missions. The control rooms have become a
critical part of testing the F-22 aircraft. We are taking many of the lessons learned from
the F-22 control room buildup and are feeding them back into other test projects and
development efforts at the AFFTC.
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ABSTRACT

Standards lead to the creation of requirements listings and test verification matrices allow
developer and acquirer to assure themselves and each other that the requested system is
actually what is being constructed. Further, in the intricacy of the software test
description, traceability of test process to the requirement under test is mandated so the
acceptance test process can be accomplished in an efficient manner. In the view of the
logistician, the maintainability of the software and the repair of fond faults is primary,
while these statistics can be gathered by the producer to ultimately enhance the
Capability Maturity Module (CMM) rating of the vendor.
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INTRODUCTION

Software development processes have driven the methodology of development for the
past two decades with myriad required documents, plans, schedules and such. Several of
these processes emerge as likely candidates for utilization of modern database
technology. None is more appropriate for this designation than the processes of software
test and verification and validation (V&V).

Invoked standards lead to the creation of requirements listings and the test verification
matrices that allow both developer and acquirer to assure themselves, and each other, that
the requested system is actually what is being constructed. Further, in the intricacy of the
software test description (STD), traceability of test process to the requirement under test
is mandated so the acceptance test process can be accomplished in an efficient manner.



In the view of the logistician, the maintainability of the software and the repair of found
faults are primary. Statistics regarding these can be gathered by the developer and tester
to ultimately enhance the CMM evaluation rating of the vendor.

This paper presents a case study of a database application that provides to the various
stakeholders a single face data structure providing historical requirement, test and fault
tracking, as well as flexible report generation, for all user levels.

The Project

The technology growth in the Aerospace industry, as manifested and embodied in the
current fighter technology, presents many challenges in the area of flight test and data
processing. The Air Force Flight Test Center (AFFTC) at Edwards Air Force Base
supports operational and developmental flight testing programs. In this charter, the
evolution of the test systems is as important as the evolution of the USAF fighters,
bombers and special purpose aircraft that utilize the test ranges. This concept is brought
to bear in the design and implementation of the AFFTC’s latest generation of telemetry
data systems-the Advanced Data Acquisition and Processing System (ADAPS) program.
This program possesses elements with a significant software developmental effort that
generate a system, which will efficiently provide capability for premier flight test
support. The current development incorporates the planned approach of commercial-off-
the-shelf (COTS) and government-off-the-shelf (GOTS) elements as basic to the system
solution. Collectively, COTS and GOTS are referred to as non-development items (NDI).
The state of the program has advanced through full development, delivery and
performance testing. The system is currently deployed in support of flight testing at
Edwards AFB.

When ADAPS was first introduced, the concept of including NDI was in its embryonic
stage. 1 ‘Re-use’ and ‘Open System’ were institutional phrases that evoked followings
only among purists wishing to theorize concerning cost savings. The ADAPS was
conceived with these and other architectural innovations revolving about the evolving
concept of a distributed systems design, allowing data flow at the base level and
implementation of workstation terminals for data processing and display. If one were to
review the early system concepts, today’s manifestation would seem awesome. Such
have the advances in computer technology been. This, though, is one of the incipient
attributes of the ADAPS concept–adaptability to the state of the technological art. While
the efforts at software generation for ADAPS were underway, the most changeable
feature on the system landscape was the component parts.



BACKGROUND

The central system requirements introduced to the development process at Edwards were
set forth in the Operational Requirements Document (ORD) and were driven by the
anticipated telemetry data rates, data complexity, and perceived processing requirements.
An exponential increase in complexity of analysis brought on by advances in airframe
construction and weapons systems provided additional impetus for advancement. The
ADAPS project was parsed into four segments. These were: 1) Automated Test Data
Management System (ATDMS); 2) Real Time/Postflight Processing (RT/PFP); 3)
Auxiliary Processing and Analysis System (APAS) and 4) AFFTC Post-Test Analysis
System (APTAS)2. Each segment was assigned an Air Force Project Manager and a
subcontract organization to accomplish the development. A fifth organization-the base
Systems Engineering/Technical Assistance (SE/TA) subcontractor provided program
systems engineering, software quality assurance and testing responsibility.

Automated Test Data Management System

The flight test scenario is programmed at the mission preparation workstation (MPWS).
Here, onboard instrumentation is characterized as data cycle, transmission scheme, sensor
characteristics (type, calibration factors, etc.) and a description of the processing to be
performed in the telemetry pre-processor (TPP-OS/90 ™). The control room displays are
defined, as well as requirements for data recording, chart recording, and function key
definitions. The scenario is compiled and encapsulated into the mission load database
(MLD). The MLD now contains two main elements–the mission configuration database
(MCD) and the TPP setup information–the telemetry configuration files.

Real Time/Postflight Processing

The ADAPS system design is depicted in Figure 1. The RT/PFP segment was first on-
line, having had a prototype system built in a laboratory environment for development
contractors’ use. Now the ADAPS consisted of the TPP, providing data to the distribution
system (Universal Memory Network [UMN]) for display on the mission control room
workstations (MCWS – SGI Indigo2). The original design called for the APAS
functionality to be hosted upon the same MCWS in a multi-boot personality. In this
manner, the functionality of a given workstation could be reconfigured at mission start
for maximum flexibility. The design of the APAS segment called for two concurrent
paths for the real-time data from the TPP–one path to the UMN and another to the
auxiliary processor. The APAS MCWS’s would be connected to a separate high speed
data distribution (HSDD) network, again operating in parallel with the UMN. The
implementation of the HSDD is high-speed (HS) Ethernet from TPP to the compute data
server (CDS) and Asynchronous Transmission Mode (ATM) for workstation data. The
hardware depicting the initial operational configuration (IOC) is presented in Figure 2.



Mission Data
Products

Operator / System
Users

Auxiliary Process
Interface

Mission
Control

Mission
Displays

Time Stream

PCM Data

Navigation
Data

Video System
Interface

Base Network
Interface

Instrumentation
Control

ADAPS

Time System
Interface

PCM Signal
Interface

TSPI/GPS
Interface

Calibration Data

Figure 1: ADAPS Context Diagram

Space
Position

Data

Range Tracking

Flight
Test
Data

Ground Test
Data

Mission
Database

Keystream
 Files

Mission Preparation

Telemetry
Pre-Processor

Flight Line

Auxillary
Processor

Ethernet

UMN Equipment

Telemetry Processing Room
Mission Control Room

Flight
Data

Large
Screeen
Displays

UMN  Network

NTSC Trunk

MCR
Workstation

MCR
 Workstation

MCR
Workstation

MCR
Workstation

Mission Prep
Workstations

Setup & Control
Workstation

ATM  Network

Printer
Print

Server

Archive
Storage

Historical Data

Ethernet

PCM Data

1 2 3 28....

UMN  Equipment

Stripchart
Recorder

ATM  Switch

Digital - Analog
Convertor

Figure 2: ADAPS Hardware – IOC Implementation



The RT/PFP software consists of two basic constructs. The first of these is the vendor
software for the OS/90™. The operational RT/PFP software, the second element,
integrates the vendor package, several COTS products, as previously mentioned, and a
large segment of reuse from the Mission Display Subsystem (MDS) project2. The main
functionality may be explained in the following manner.

When required, the appropriate MLD is loaded onto the setup and control workstation
(SCW) and decomposed. The MCD is then distributed to each of the MCWS as they log
in as operationally ready. Transmission takes place over regular Ethernet paths. The
balance of the MLD elements are used to properly configure the TPP for operation.

The system underwent extensive requirement verification testing after initial installation.
Since the RT/PFP segment was online ahead of the other segments, this system backbone
received the major share of testing activity. The original deployment utilized the UNIX
derivative operating system IRIX for the SGI environment. The initial version of IRIX
was 5.2, but was upgraded during development. Major software subsystems were also the
subject of revision, as the release of IRIX 5.3 required different interfaces and links. The
most prominent of these was the DataViews™ package, extensively utilized for MCWS
display to support the RT/PFP segment.

After the system is initialized and placed in an operational state, the telemetry data is
ingested by the TPP, decommutated, processed and output to the UMN, CDS or strip
charts as required. The format of data in the UMN resembles a data cycle in a current
value table (CVT) view. The unique form in the UMN is that high-rate data is stored in a
circular buffering scheme–rather like a ‘three dimensional CVT’–to enable efficient
processing at the MCWS. While not entirely a new concept, the ease of definition of this
element allows the high rate nature of current data to be completely captured for analysis
in a near-real-time system.3

The MCWS accesses the CVT data through the UMN as if it were part of the workstation
memory. Applications such as display generation, local data recording, data analysis
program (DAP) applications and system control are executed as required from the
distributed MLD.

Auxiliary Processing and Analysis System

The APAS segment was envisioned to be flexible and provide ancillary processing
systems with the access to real– and near-real-time flight test data. As such, several
APAS configurations were thought to be available for inclusion. The initial instantiation
of the APAS is the Interactive Analysis and Display System (IADS), first deployed to
meet the rigors of structure and flutter testing for new aircraft.



The IADS package consists of data processing algorithms used mainly for frequency
domain analysis of data in near-real-time. The CDS acquires data from the TPP
(parametric definitions are defined in the MLD as to which measurands are to be sent to
the CDS). The CDS acquires data via HS Ethernet link from the TPP and then sends
these to the appropriate IADS workstation (IWS). The development effort included the
creation of NT™-based plot, display and computation packages that will find extensive
re-use application as ADAPS evolves.

AFFTC Post-Test Analysis System

The final segment, APTAS, is essentially a stand-alone element of the ADAPS system. It
is an engineering tool employed to analyze flight-test data by using a common toolbox of
algorithms, visualization utilities, and data management utilities.

The essential functions of APTAS are analysis, management, and visualization. These
functions can be described as follows:

• ANALYSIS. Data analysis provides the user with the tools to analyze post-test
data through each generation and perform comparative analysis between this data
and the modeling or simulation data.

• DATA MANAGEMENT. Data management is a collection of file directories,
databases, and application utilities that perform all of the tasks associated with the
organization, storage, access, and tracking of post test data.

• DATA VISUALIZATION. Data visualization allows the user to visualize data in
the form of plots and lists. It includes both onscreen interactive data display as well
as hardcopy prints of plots and lists.

REQUIREMENTS GENERATION

The requirements gathering process employed a Total Quality Management (TQM)
process called Quality Functional Deployment (QFD). QFD is simply a process in which
the needs of the ultimate user (customer, stakeholder, etc.) are considered prior to the
design phase of a project. The classical approach, as used here, requires the system
engineering function to interview the stakeholders and ascertain the capabilities they
would prefer in the ultimate system. The SE/TA contractor assumed the task. This
process provided a cohesive set of required capabilities that were deemed important to
the stakeholders taking part in the interview process. Since the task of acceptance testing
also fell to SE/TA, the development of a V&V matrix, error reporting and tracking
scheme, and an historical content revision process were also of immediate concern. Initial
requirements analysis, flowdown and module assignment were the task of the developing
contractor.



The QFD process produced 7,024 desired capabilities from the ORD, interview process
and other inputs. Using classical TQM PARETO processes an initial slate of 1,375
requirements were extracted.4,5 This original set was reduced to a core of 974
requirements and then decomposed into 1,674 derived requirements. The MIL-STD-
2167A was initially followed, progressing to the variants offered by adoption of MIL-
STD-498A. A representative set of management, development and test documentation
was produced. These continue in use today as an aid in system maintenance and revision.
These documents included System/Segment Specifications (SSS), System/Segment
Design Documents (S/SDD), Software Development Plans (SDP), Configuration
Management Plan (CMP), and a Software Test Description (STD).

The initial database contents included those requirements that were mentioned on a high
percentage (more than 75 per cent) of the respondents questionnaires. Those stated on 50
percent were included as “good for the system” and those on 25 percent or less were
adjudicated to be “nice to have.” Four main populations were interviewed: flight test
centers, airframe manufacturers, Air Force Test Pilot School, and general industrial
contributors.

The development of the unique ADAPS database (ADB) was the result. In this database,
created initially in Q&A, multiple tables contain the essential requirements. The original
source and text of the requirement was included, including the paragraph citation. A
contributor to the database was the SSS document, providing multiple citations of the
same basic requirement, and thereby increasing the number of trees required to provide
the systems requirements matrix (SRM).

ADDED COMPLEXITIES

As the developers (at this stage there were four) worked with the original SRM,
allocations to specific builds were made. A phased development (now characterized as
spiral) was selected to allow testing of developmental efforts as constructed, allowing a
saner approach to the acceptance and functional testing. Test process for requirement
verification, sequential operation fault tables with requirement association pointers,
module assignment(s) for the software elements created to address requirements, module
build assignments and requirement build assignments and status would all be added at
later stages.

This, however, added complexity to the requirement traceability. Where was requirement
137 (for example) accounted for? In which segment? Which build? Has it been tested?
Was it satisfied? Where in the test procedure (STD) was it accounted for?

In actuality, each developer had her/his own SRM, multiplying the complexity for the
SE/TA watchdog. Management of one SRM is difficult enough when the validation



contractor is a different company than the developer, and each is often at odds with the
other. In this case, the records must be consistent, accurate and timely.

FIRST SOLUTIONS

As Q&A waned and other relational database engines came to the front, the requirements
were destined to be transcribed into a modern form database. But which one? Some
thought (and effort) was given to migrating to Oracle™, but the eventual efforts were
placed in ACCESS™. At that time SE/TA had control of only the requirements, and the
developers were dashing about with the structures necessary to document their progresses
and processes–other databases, spread sheets, Software Development Folder (SDF)
structures and the like. At one time, there were six forms of ACCESS™ databases in
various states of accuracy, defining the progress of the ADAPS project. Worse,
ACCESS™ 2.0 was now on the scene and some organizational units embraced it as the
advance that it was and needed now to provide sensible accountability. This did nothing
but complicate the SE/TA task.

As the release dates drew close, and tracking responsibilities (and many headaches) now
loomed for SE/TA, a concerted effort to combine the myriad of data structures took
place. It was important as the V&V designee that SE/TA have an accurate, reliable and
informed sense of where the project stood at any given day. With the support of the
Program Office and the help of the various development contractors involved, the first
attempts at an integrated data structure were begun.

ADAPS REQUIREMENTS DATABASE

At the base of the structure were the requirements. At this time, since the actual
transcription of data from previous forms was necessary, the original wording and
citation was not present. Economies of scale had presided and only the accepted
requirement verbiage was input. The basis for the requirements database (RDB) was the
SSS, incorporating any accepted engineering change proposal (ECP) enacted by the
Configuration Control Board (CCB). As the maturity of ACCESS™ reached to the
ACCESS™ 7.0 level, the tabular structures of the developers were added to gain a
perspective as to the module or unit in which a requirement was to be addressed, and
when it might be expected to be in the target system for testing.

The work on STDs was well underway and the RDB became the cornerstone for the test
procedure. Requirements were cited in one section of the test procedure, requirement
number parenthetically added to the procedure step(s) at which success of the test could
be determined and the step numbers for qualification were added to the requirement
attributes in the RDB. The RDB now had the structure of an SRM, development path
document and traceability matrix in one structure. Using or developing unique queries, an



engineer could then establish the satisfaction of any authenticated requirement or the
schedule for such to be included in a software release.

SYSTEM PROBLEM REPORTS

The evolution of development moves eventually to testing. System problem reports
(SPRs) are generated whenever a problem is found in a unit of released code. The SPR
contains information such as the system configuration, software releaser number/version,
workstation number involved, process involved, etc. In short, enough information for the
responsible party to understand the problem and establish a path for correction.

The first releases of the RT/PFP software were tested in June 1997. The faults found were
reported on the SPR Form, a form fill word processing application available to all testers
and frontline managers. An example of this form is presented in Figure 3. When a
problem was found, the data entered on the form was passed to the SE/TA organization
for entry into the SPR database. From there, tracking, report generation and V&V tasking
was viable.

Eventually, this form became integrated into the SPR Database and available via network
access to any concerned user or developer of ADAPS. Several problems occurred during
the original deployment of the SPR Database in line with the form fill application.
Permissions were necessary to allow only certain fields of the form to be manipulated by
certain groups of users. One did not want the casual flight test engineer hypothecating
concerning cause or cure for an observed system miscue.

FINAL STRUCTURE

Work began in the fall of 1998 to integrate the two ADAPS-related databases. The most
stringent demand placed upon a user reporting a problem via the SPR form was citing the
individual requirement not being satisfied. This meant that the person entering the data
must open the RDB to find the associated requirement number, reopen the SPR Database
to enter the data just obtained and complete entry on the original form. The organization
responsible for correction must then execute the same procedures, unless the assigned
programmer was familiar with the requirement verbiage. The SE/TA database analyst
suggested to the Program Office that the integration of the two structures would be a
timesaving task and laid out a plan to achieve the goal. As a background task, the two
structures were integrated to form the ADAPS data repository (ADR).

As the 1999 opened, the completion of the integration task was announced. Now the
efforts in resolution of the permissions problems were paramount, as one did not want the
average user to be able to change requirement data!



ADAPS SPR REPORT

SPR Number 1236

Originator: B. Hafner Segment: RT/PFP CURRENT STATUS: OPEN
Phone No.: 75288 Subsystem: MDS DATE of Open: 2/25/99

CI: AUG DATE of Hold:
DATE of Monitor:

DATE of Disapproved:
Title: Testing Repository Example DATE of Canceled:

DATE of Closed:
Key Words: TEST

Problem Statement Section:  Segment Version: 3.3.2 IRIX Version: 5.3
System: TPP 129 OS/90 Version: 4.1.1

Detailed Description of System Problem(s):
Testing process.

Problem Type: Hardware: X Software: Unknown: Documentation:

Related Document(s): SSDD, STD, SSS
Affected Requirement(s): 128, 3321

Root Cause Section:  

Affected Unit(s): ALL

Description of Root Cause(s):
Examples

Assigned To: ETSS Assigned Date: 1/22/99 CAT: 2 Priority: 3

Corrective Action(s) Section:  

Description of Corrective Action(s):
Test Results

Approval to Proceed: Date Authorized/Disapproved:

Date Fixed: Fixed By: Error Category:

Date Closed: Approved for Closure: Assigned to ECP #:

Figure 3 SPR Data Entry Form
F



Through the development of queries, a wide variety of reports can be generated, ranging
from a large scale SRM for addenda for the SSS, to a list of faults to be addressed in the
next repair release of the operational software. The latter serves to set the stance for
regression testing and status change for the faults reported in the SPR forms.

CURRENT STATUS

The ADAPS Database

The ADR is in its third instantiation, having been migrated from ACCESS™ 2.0 to
ACCESS™ 7.0 and thence to ACCESS™ 97. The system requirements contain in excess
of 1850 first tier requirements across three existing segments, each capable of yielding
independent SRM generation and V&V tracking. The SPR portion contains over 1,300
problem reports from the three segments. The ADR is exercised on a bi-weekly basis to
produce reports for the SPR Review Board.

One project recently inaugurated has adopted the structure of the ADR in order to provide
exceptional program visibility from inception. The process involved here was also the
QFD approach. Here, the initial instance will include the requirement citation and source,
since the effort to utilize the omnibus database is at project inception.

ADAPS Itself

The ADAPS currently has three segments in the IOC phase. Utilizing the ADR,
remaining requirements are under study and planning for the next deployment phase–
Final Operational Capability (FOC). In some instances, new requirements are added
through modification processes, easily being integrated and revised in the SRM using the
ADR functionality.

CONCLUSION

The construction of the ADB has eased the tracking and reporting tasks for program
management. This has resulted in efficient control of maintenance releases and updated
versions of the ADAPS software. It has been migrated to another task in which the
promise of a total tracking solution presented by tool manufacturers can be implemented
with the standard desktop software inventory. While by no means a total replacement for
such specialty items, where rapid response to changing requirements and testing
traceability are dominant, the ADR approach can solve problems.



24-Feb-99 All Current RT/PFP Requirements  

REQ   VER  DER ID  VER PKG  CSCI     REQUIREMENT TEXT BUILD      DERIVED REQUIREMENT TEXT PROCESS    PROCESS

3 0 1 0 35.00 MPC The user shall have the capability to generate, remove, 1 The MPC shall execute on workstations used to prepare the 3.1        PMSNPREP

or modify presentation formats at any time prior, setup files for a mission.
during, or after a mission.

3 0 2 0 35.00 MPC The user shall have the capability to generate, remove, 1 The MPC shall execute on mission control room workstations 3.1        PMSNPREP

or modify presentation formats at any time prior, during a mission to modify the MCD.

during, or after a mission.

4 0 1 0 35.00 MPC The Presentation Generation Mode shall provide the 1 The MPC shall provide the users with the capability, using a 3.1        PMSNPREP

users the capability, using a Motif style GUI, to create, Motif style GUI, to create, edit and merge mission data
edit and merge mission data presentations. presentations.

5 0 1 0 35.00 MPC The GUI shall be an icon/menu based, point and click 1 The MPC GUI shall be an icon/menu based, point and click 3.1        PMSNPREP

interface. interface.

6 0 1 1 45.05 FEA The user shall have the capability to organize E The FEA shall organize strip chart displays by flight discipline

presentation formats by user name and/or flight and user name.

discipline to reduce the time required to search for a
specific presentation format.

6 0 2 0 15.00 MPC The user shall have the capability to organize PD The MPC shall organize printed reports by flight discipline and 3.1.1.5        PDISCASS

presentation formats by user name and/or flight user name.

discipline to reduce the time required to search for a

specific presentation format.

6 0 3 0 39.00 MPC The user shall have the capability to organize 1->2 The MPC shall organize graphic displays by flight discipline 3.1.1.5        PDISCASS
presentation formats by user name and/or flight and user name.

discipline to reduce the time required to search for a

specific presentation format.

6 0 4 0 15.00 MPC The user shall have the capability to organize PD The MPC shall provide a list of displays available for user 3.1.1.1.1    PDISMENU

presentation formats by user name and/or flight selection for modification

discipline to reduce the time required to search for a
specific presentation format.

7 0 1 1 6.00 MPC The RT/PFP system shall provide the user the PD The MPC shall provide the user with the capability to create 3.1.1.1.2    PDISPMOD

capability to create new displays, modify existing new displays and modify existing displays.

displays, and remove displays.

7 0 2 0 21.00 MSE The RT/PFP system shall provide the user the PD The MSE shall provide the user the capability to remove

capability to create new displays, modify existing displays.
displays, and remove displays.

8 0 1 0 6.00 MSE The user shall be capable of defining and storing up to PD The MSE shall provide the user with the capability of creating

1000 displays per mission. and storing up to 1000 displays per mission.

Figure 4: ADR Query, Typical
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A LIGHT-WEIGHT INSTRUMENTATION SYSTEM DESIGN

Ronald Kidner
Sandia National Laboratories

ABSTRACT

To meet challenging constraints on telemetry system weight and volume, a custom Light-
Weight Instrumentation System was developed to collect vehicle environment and
dynamics on a short-duration exo-atmospheric flight test vehicle. The total telemetry
system, including electronics, sensors, batteries, and a 1 watt transmitter weighs about 1
kg. Over 80 channels of measurement, housekeeping, and telemetry system diagnostic
data are transmitted at 128 kbps. The microcontroller-based design uses the automotive
industry standard Controller Area Network to interface with and support in-flight control
functions. Operational parameters are downloaded via a standard asynchronous serial
communications interface. The basic design philosophy and functionality is described
here.

KEY WORDS

Light-weight telemetry system, flight control unit, and controller area network.

INTRODUCTION

The Telemetry Technology and Development departments at Sandia National
Laboratories are tasked with acquiring data and controlling experiments in a wide variety
of applications. To improve response to customer demands of ever smaller, lighter, and
more capable systems, the Light-Weight Instrumentation System (LWIS) was developed.
The complete LWIS weighs 1 kg and fits in a 38 in3 volume, which may be distributed. It
is a complete telemetry and control package, which includes batteries, sensors, a RF
transmitter, a telemetry PCM encoder, and control hardware. The LWIS fills the role of a
reconfigurable telemetry and control system, while maintaining a minimum weight and
volume.

HARDWARE

A common goal of test and measurements systems is to perturb the test object as little as
possible. Besides being small and lightweight, the LWIS can be distributed through out
the test object. This allows the LWIS to conform to the physical constraints of the test



object. The LWIS configuration shown in Figure 1 is packaged in two sections to
maintain a weight balance between the nose and the tail of the test object. In Figure 2 the
LWIS is packaged around the circumference of a thin test object.

Figure 1. LWIS packaged in two sections.

Figure 2. LWIS electronics spread around a thin ring.



At the core of the LWIS is an Intel 87C196CB microcontroller, 64 KB of non-volatile
RAM (NVRAM), and an Actel 1020A Field Programmable Gate Array (FPGA). This
core provides primary functions such as system control and data formatting. It also
provides for user input via asynchronous serial ports and networking capabilities via the
automotive standard Controller Area Network (CAN). Currently, the LWIS is powered
by small, 1 A-hr lithium batteries that provide an operational time of over an hour.

The Intel 87C196CB microcontroller operates at 20 MHz, contains 56 KB OTPROM, 2
KB RAM, an asynchronous serial port, an A/D converter, a CAN interface, and other
functions that enhance its utility as a telemetry controller. The processor is assisted by an
Actel 1020A FPGA. The FPGA connects the processor to the external NVRAM and off-
loads functions best suited for hardware implementations. The microcontroller and the
FPGA may be modified prior to final assembly to adapt the LWIS to its intended role.
The LWIS may be modified after final system build by downloading data and functions
into the NVRAM. Commonly changed paramteters, such as the PCM frame format and
event sequences are stored in the NVRAM. The NVRAM also contains a supplemental
subroutine that may be called to perform software functions. This allows a significant
change in the software functionality to be made any time the asynchronous serial user
interface is accessible.

The typical LWIS sensor suite includes 75 analog monitors, a three-axis rate sensor, a
three-axis magnetometer, a three-axis accelerometer, and one horizon sensor. The data is
formatted and transmitted over a 1 watt (maximum) FM transmitter. Such an application
has the following specifications.

Volume: 38 in3
Weight: 1 kg
Operating Time: > 1 hr
Transmitter power: 1 watt maximum
PCM Bit Rate: 128 kbps
Environmental
Sensors:

75

Dynamic Sensors: 10
Words per frame: 768

The microcontroller provides the LWIS with considerable flexibility to act as a system
controller, as well as a telemetry system. The controller may be programmed to provide
control functions such as a user interface, automated function sequencing, and data
manipulation. The CAN interface built into the 87C196CB further enhances the LWIS’
function as a system controller. The CAN is a two-wire network with built-in error
detection and correction. The CAN reduces point-to-point wiring requirements, making it



well suited for distributed, weight sensitive applications. Commercial ICs are available
for implementing CAN functions in new designs or existing hardware.

Some applications include functions that are not well suited for a microcontroller, such as
very high-speed event characterization functions. These functions may be programmed
into the FPGA. The FPGA is also used to perform system functions such as address
decoding, and fireset initiation. Placing safety-related functions in the FPGA add an
additional level of safety to these functions. The FPGA is also used to provide another
asynchronous serial port to interface with devices such as a GPS receiver.

SOFTWARE

The LWIS software interfaces with the user, the hardware, and on-board devices. It also
contains the control functions for system command and control, as well as routines to
format the incoming data into a standard IRIG telemetry stream. The code optionally
contains test functions such as data processing routines. As in any microprocessor or
microcontroller based system, the software provides extensive flexibility. By changing
the software, the core LWIS hardware may be used in applications other than telemetry
and control applications. The software as used in its telemetry role is discussed below.

The functionality of the LWIS software is divided by time sensitivity. Functions that are
not time sensitive operate in the foreground by a poll and loop mechanism. Time
sensitive functions operate in the background on an interrupt basis. The foreground
functions in the LWIS include processing the supplemental subroutine, checking for
command inputs, building frames of GPS data, processing events that are not time
critical, and updating the watch-dog timer. These functions can all tolerate being serviced
at ill-defined time increments. That is, delaying their processing a millisecond now and
then does not invalidate their functionality. This process is shown in the left-hand flow
chart of Figure 3.

The background functions include processing the PCM data, servicing the analog-to-
digital converter, retrieving data from the serial ports, and processing events that are time
critical. These functions are processed by high-priority interrupt routines to minimize
timing uncertainties. By keeping the interrupt functions simple and predictable, the time
jitter and latency of time sensitive events can be controlled. This background interrupt
service process is shown in the flow chart on the right-hand side of Figure 3.



Figure 3. Software processes: foreground (left), background interrupt service routine
(right).

CONCLUSIONS

The LWIS is a small, capable, and light-weight RF telemetry system. Although it was
originally designed to provide RF telemetry capability to weight and volume sensitive
applications, its flexibility allows it to be used in other applications including a missile
payload control system, a high-speed ground-based measurement system, and test and
measurement instruments. The combination of a microcontroller, an FPGA, and NVRAM
at the core of the LWIS has proven to be a valuable tool in meeting a wide range of
customer requirement while keeping NRE costs to a minimum.
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TELEMETRY AND RADIO FREQUENCY IDENTIFICATION

Jouko Heikkinen
Tampere University of Technology, Electronics Laboratory

Finland

ABSTRACT

Comparison of short-range telemetry and radio frequency identification (RFID) systems
reveals that they are based on very similar operating principles. Combining the
identification and measurement functions into one transponder sensor offers added value
for both RFID and telemetry systems. The presence of a memory (e.g. FRAM) in the
transponder, required for ID information, can also be utilized for storing measurement
results. For passive transponders low power consumption is one of the main objectives.
Wireless power transfer for passive transponder sensors together with above aspects con-
cerning a combined telemetry and identification system are discussed.

KEY WORDS

Telemetry, radio frequency identification, FRAM, wireless power transfer

INTRODUCTION

Telemetry systems in general acquire information (e.g. measurement results or control
sequence) from one point and transmit this information to another location for processing
(display, record or execution) [1]. Telemetry systems can be divided into short-range and
long-range applications, where the typical transmission distances are from few
millimeters to few meters and from several meters to several kilometers, respectively. In
this paper short-range telemetry operating in license-free ISM (Industrial, Scientific and
Medical) bands is considered. In radio frequency identification systems the information
acquired is the identification code in addition to other possible information stored to the
transponder carried by the identification object [2]. The information besides the
identification code can be for example the status of the object being assembled in a
production line [3]. Identification systems are usually short-range devices having the
range of operation from few centimeters to several meters.

Short-range telemetry and RFID systems are very similar in terms of structure and
communications. Both can be active or passive (i.e. active, having an own power source
for transmission/reception or passive, generating the needed supply power from incident



RF field) and they utilize wireless data transmission methods. First, main features of both
systems are discussed, followed by a suggestion of a combined telemetry and RFID
system. Wireless power transfer for passive devices is then considered and finally, the
objectives of the research are given.

TELEMETRY SYSTEM

A typical structure of a short-range telemetry system is shown in Figure 1 (power
supplies have been omitted). It consists of a reader device, usually including computer
interface, and a sensor chip. The analog information gathered by a sensor (or sensors) is
converted into digital format by an A/D –converter. Logic circuitry then hands this digital
data over to a transceiver for modulation and transmission. ASK and FSK are the most
used modulation schemes together with AM and FM in the case of analog modulation.

Figure 1. Typical structure of a short-range telemetry system.

Communication between reader and sensor chip can be established in one direction
(simplex) or both directions (half-duplex or full-duplex).

Short-range telemetry systems can be roughly divided into two categories according to
the coupling between the reader and the sensor chip. In low-frequency systems (operating
frequencies up to few MHz) transmission is based on a magnetic field, thus operating
range is quite short. Simple loop antennas used both in reader and sensor chip form a
loosely coupled air-core transformer establishing the wireless transmission. In high-
frequency systems, on the other hand, data is transferred by means of an electromagnetic
field. Depending on both operating frequency and performance specifications e.g. loop
antennas, dipole, monopole or planar antennas can be used. Transmission distances up to
couple meters can be achieved with passive sensor chips compared to about half a meter
for low-frequency systems. Distances are considerably longer for active high-frequency
systems.
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Perhaps the most popular application field for short-range telemetry is implantable
medical devices [4],[5],[6]. Transmission power of these devices is limited by health
regulations and long reading distance is not a necessity. The upper bound to operating
frequency is set by the damping of a human tissue. Other applications for short-range
telemetry include animal and structure monitoring where for example temperature and
strain forces, respectively, need to be measured [7],[8]. One group of passive telemetry
systems utilize SAW (Surface Acoustic Wave) -devices that allow the combination of
sensor and transceiver elements in a relatively simple structure [9],[10].

RFID SYSTEM

Figure 2 represents a typical structure of a RFID system consisting of a reader unit and a
transponder (also called as a “tag”). Memory contains an identification code that is
transmitted to the reader when requested. Memory can be read-only or read/write –type
and its size can be anything from one bit to several hundred kilobytes. Simplest
transponders containing only one bit are used for theft protection while transponders with
large read/write -memory can be used to store also the present status of the object (e.g.
the contents of a container).

Figure 2. Typical structure of a RFID system.

The properties concerning modulation schemes and the division into low- and high-
frequency systems mentioned earlier are valid also for RFID systems. Passive
transponders are usually utilized in high-volume applications because of the relatively
high cost of active transponders. Passive devices have been realized using different
methods:

The presence of a closed resonance circuit in a one-bit tag can be observed as a
change in the reader’s transmission current

Tag modulates the RF field (sent by the reader) with the identification code and
reflects it back to the reader by changing the antenna impedance (so-called
modulated backscatter tag)
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Tag generates the needed DC supply power from the incident RF field and
transmits the identification code with its own transmitter

The first one is simple to realize but contains only on-off –information. The second
method is relatively simple but has some problems related to field attenuation and
multipath propagation. The third method enables most versatile operation if enough
supply power can be generated. Because the size of the tag must almost without
exception be minimized, the most popular antenna structure especially at low frequencies
is a multi-turn circular loop. At higher frequencies dipole/monopole or planar antennas
must be used in order to achieve better data and energy transfer efficiency.

Applications of RFID include theft-protection, passage surveillance and vehicle and
animal identification [2],[11].

COMBINED TELEMETRY AND RFID SYSTEM

Combining the telemetry and RFID systems shown in Figure 1 and Figure 2 can be
simplified as integrating the memory and necessary additional logic to the sensor chip of
the telemetry system. However there are several issues that must be taken into
consideration. Most important, especially for passive systems, are those concerning the
properties of the non-volatile memory required: compatibility with standard CMOS
process, area consumed, access times, endurance, required supply voltage and power
consumption. Perhaps the most appealing selection for the reprogrammable data storage
is FRAM (Ferroelectric Random Access Memory) because it combines the non-volatile
data retention of EEPROM and fast read/write cycle of SRAM.

The operation of FRAM is based on the ferroelectric effect that is the ability of a material
to retain an electrical polarization in the absence of an applied electric field. Data is
stored in the polarization of such a material in a memory cell that is constructed from
transistor(s) and ferroelectric capacitor(s). Because the electric field strength required for
polarization (write) is small, low supply voltage (down to 3V) can be used. Short read
cycle needed decreases the power consumption. The endurance of 1012 read/write cycles
is much more than for example EEPROM or Flash EEPROM [12]. Although FRAM does
not yet reach the memory density of DRAM and requires a refresh operation every time it
is read, it is compatible with standard CMOS process with few additional steps [13].
Some work has already been reported on integration of FRAM into a RFID transponder
[14].

One of the future objectives is to integrate measurement properties into a passive RFID
transponder structure with an embedded FRAM memory. However, careful consideration
of the power transfer between reader and transponder is first required for passive



implementation. The efficiency of both power transfer and the storage of the generated
supply power in the transponder affect the device performance.

WIRELESS POWER TRANSFER

In wireless power transfer a passive system generates its DC supply power from received
magnetic or electromagnetic field transmitted by another device. At low frequencies (up
to few megahertz) power is usually transferred by magnetic field and inductive loop
antennas are used. Because transmitter and receiver are coupled by the mutual inductance
between the transmitting and receiving antenna, the maximum transfer distance is usually
from few millimeters to about half a meter depending on the inductance, physical size
and mutual orientation of the antennas.

Moving towards higher frequencies (UHF/microwave) requires somewhat different
approach. Because the energy transfer is carried out with an electromagnetic field the
radiation properties of both transmitter and receiver antennas are crucial for efficient
transmission to take place. Taking the limitations of the permitted radiation power into
consideration the transfer distance and direction are strongly determined by the radiation
patterns (define directivity and gain) of these antennas. Greater transfer distance can be
achieved with high-gain (high-directivity) antennas at the cost of narrower transfer sector.
The determination of antenna parameters is therefore application-dependent. The
requirement of small size for portable devices favors the use of planar antenna structures
also in wireless power transfer. Therefore operating frequencies high enough are required
so that antenna dimensions comparable to the quarter wavelength could be realized
efficiently.

The overall efficiency of wireless power transfer is a combination of the receiving
antenna efficiency and, most of all, the efficiency of RF-DC –conversion. The rectifying
element (usually a microwave schottky detector diode) must be matched to the antenna
impedance in order to achieve the maximum RF power transfer and thus maximize the
generated DC power. Conversion efficiency is therefore most affected by the quality of
the rectifier and passive impedance matching elements.

The lack of available DC bias impedes the use of externally biased Schottky diodes in
wireless power transfer. Zero-bias Schottky diodes, on the other hand, are suitable
because of their relatively high saturation current. The drawback of this diode type that
was originally designed for square law detector applications is the higher loss resistance.
In addition to this, because the impedance of the diode changes in accordance with the
current drawn by the load of the RF-DC –converter the quality of impedance match (i.e.
the amount of power received) also varies. Figure 3 shows the equivalent model of a
Schottky diode. Calculated diode resistance Rd and capacitance Cd of the HSMS-2850
Zero-bias Schottky diode when the diode total current IT changes from 4µA to 53µA (IT =



Is + Io, where Is = 3µA is the diode saturation current and Io is the current drawn by the
load) are also represented. Rd and Cd are derived from the equivalent model where Lp and
Cp are package parasitics, Rs is the loss resistance, Cj is the junction capacitance and Rj is
the junction or “video” resistance [15]. Values are listed in Table 1..

Figure 3. Equivalent model of a Schottky diode (upper circuits). Calculated diode
resistance Rd and capacitance Cd as the function of the diode total current IT at 869MHz
and 2.45GHz (lower graphs).

As Figure 3 indicates, the change in diode impedance at fixed frequency is due to the
change of junction resistance. The situation for impedance matching gets worse as the
diode current is increased or the operating frequency is decreased. This stresses the
importance of the quality of the matching components.

Figure 4 shows an example of a diode matching circuit at 2.45GHz, where the effect of
the matching inductor’s Q-value on the diode voltage has been simulated by SPICE. The
amplitude of the AC source voltage in antenna circuit corresponds to received RF power
of 0dBm. Diode parameters for IT=25µA can be obtained from the graphs in Figure 3.
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Figure 4. Simulation schematics for diode impedance matching circuit (upper picture).
Diode voltage vd and return loss of the matching circuit Lret as the function of frequency
for different Q-values of the matching inductor L (lower graphs).

The impedance matching circuit is formed of the series capacitor C and the shunt
inductor L. The values of these components together with the inductance loss resistance
RL are represented in Table 1. The antenna is modeled as a voltage source having a 50Ω
characteristic impedance. In real world, however the impedance of the antenna is seldom
pure resistive and equal to 50Ω but includes some capacitive or inductive reactance. This
can be utilized in impedance matching by canceling some of the diode reactance with the
antenna reactance.
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Table 1. Diode equivalent model parameters and simulation parameters at 2.45GHz.

Diode equivalent model parameters for HSMS-2850

Lp [nH] Cp [pF] Rs [ΩΩ] Cj [pF] Rj [ΩΩ]

2 0.08 25 0.18 0.026/IT

Simulation parameters for Rd = 68.6ΩΩ and Cd = 0.31pF

Q C [pF] L [nH] RL [ΩΩ]

10 0.5 6.0 9.0

20 0.4 6.4 5.0

30 0.4 6.5 3.3

40 0.4 6.6 2.5

The effect of the Q-value is not usually a serious problem in discrete component designs
because Q-values over 50 are obtainable for chip inductors. The problem is emphasized
in integrated circuit designs on silicon where the typical Q-value for inductors is less than
10. The capacitor losses have been omitted in the example but must be taken into account
in IC design, although their influence on performance is smaller (Q-values of over 100
are obtainable). The quality of integrated passive components can be improved by using
high-resistive substrates, such as SOI (Silicon on Insulator), glass or glass ceramics
[16],[17],[18].

The objective of the wireless power transfer research in progress is to maximize the
transfer efficiency for short-range passive RFID and telemetry. As the size of devices
decrease, the realization of the objective requires study and combination of antennas and
integrated passive components for RF-DC –conversion/short-term storage of generated
DC-power. The emphasis of the antenna study will be on planar antenna structures, such
as slot and microstrip antennas. Integrated capacitor, planar coil and transformer
implementations on high-resistive substrates are also required in order to minimize RF-
DC -conversion losses. The importance of these issues is further stressed by the fact that
usually the amount of available power in the converter end is already limited by emission
restrictions.



CONCLUSION

The basic structure of short-range telemetry and RFID systems was shown and the
combination of these systems was considered. The composite system enables for example

Identification of the measurement target
- with a reader monitoring several targets new measurement results can be
compared to the previous ones saved to the reader database

The gain of additional information from the identification target
- reader monitors the target continuously or
- sensor chip saves measurement results to the memory, from where they can be
read when the chip is identified

For passive systems the total power consumption must be minimized in order to enable
the operation by wireless power transfer. In the case of memory this requirement can be
achieved by using Ferroelectric RAM. The focus of the wireless power transfer research
is in the efficiency optimization through the combination of antenna and integrated
passive component design.

REFERENCES

[1] Carden, Frank, Telemetry systems design, Artec House, Norwood, MA, 1995, 256 p.

[2] Worthman Ernest, “RFID - The Technology and Applications Behind Auto ID,” RF
Design, July 1997, pp. 44-47.

[3] Ueda K., Kurita K., “Data carrier application to factory automation,” Fuji Electric
Review, Japan, Vol. 36, Iss. 2, 1990, pp. 100-104.

[4] Hamici, Z.; Itti, R.; Champier, J., ”A high-efficiency power and data transmission
system for biomedical implanted electronic devices,” Measurement Science &
Technology, UK, Vol. 7, Iss. 2, February 1996, pp. 192-201.

[5] Huang, Q., Oberle, M., ”A 0.5-mW passive telemetry IC for biomedical applica-
tions,” IEEE Journal of Solid-State Circuits, Vol. 33, Iss. 7, July 1998, pp. 937-946.

[6] McCreesh, Z., Evans, N.E., Scalon, W.G., “Vaginal Tamperature Sensing Using UHF
Radio Telemetry,” Medical Engineering & Physics, UK, Vol. 18, No. 2, 1996, pp.
110-114.

[7] Puers, R., ” Linking sensors with telemetry: impact on the system design,” Sensors
and Actuators A [Physical], Switzerland, Vol. 52, Iss. 1-3, March-April 1996, pp.
169-174.

[8] Neuzil, P., Krenek, O., Serry, F. M., Maclay, G. J., “Measurement and Wireless
Transmission of Embedded Capacitive Microsensor's Output Using SigmaDelta
Conversion and Radio Frequency Identification (RFID) Technology,” Proceedings of



Smart Structures and Materials 1997: Industrial and Commercial Applications of
Smart Structures Technologies, pp. 178-185, San Diego, CA, 4-6 March, 1997.

[9] Buff, W., Rusko, M., Vandahl, T., Goroll, M., Moller, F., “A Differential
Measurement SAW Device for Passive Remote Sensoring,” Proceedings of the 1996
IEEE Ultrasonics Symposium, Vol. 1, pp. 343-346, San Antonio, TX, 3-6 November,
1996.

[10] Sachs, T., Grossmann, R., Michel, J., Schrufer, E., “Remote Sensing Using Quartz
Sensors,” Proceedings of the SPIE - The International Society for Optical
Engineering, SPIE Vol. 2718, pp. 47-58, San Diego, CA, 26-28 February, 1996.

[11] Sharpe Claude Andrew, “Wireless Automatic Vehicle Identification,” Applied
Microwave & Wireless, fall 1995, pp. 39-58.

[12] Philofsky, E., “FRAM-The Ultimate Memory,” Proceedings of the Sixth Biennial
IEEE International Nonvolatile Memory Technology Conference, pp. 99-104,
Albuquerque, NM, 24-26 June, 1996.

[13] Sumi, T., Judai Y., Hirano, K., Ito, T., Mikawa, T., Masato, T., Azuma, M.,
Hayashi, S., Uemoto, Y., Arita, K., Nasu, T., Nagano, Y., Inoue, A., Matsuda, A.,
Fuji, E., Shimada, Y., Otsuki, T., “Ferroelectric Nonvolatile Memory Technology and
Its Applications,” Japanese Journal of Applied Physics. Part 1, Japan, Vol. 35, No.
2B, February 1996, pp. 1516-1520.

[14] Inoue, A., Shimaria, Y., Nakane, G., Moriwaki, N., Chaya, S., Nakakuma, T.,
Matsuura, T., Sumi, T., Otsuki, T., “Ferroelectric Memory Embedded In a RFID
Transponder With 2.4 V Operation and 10 Year Retention at 70ºC,” Proceedings of
the 16th International Conference on Consumer Electronics, ICCE, pp. 290-291,
Rosemont, IL, 11-13 June, 1997.

[15] “Designing the Virtual Battery,” HP Application Note 1088, Hewlett Packard,
November, 1997.

[16] Eggert, D., Huebler, P., Huerrich, A., Kueck, H., Budde, W., Vorwerk, M., "A
SOI-RF-CMOS technology on high resistivity SIMOX substrates for microwave
applications to 5 GHz," IEEE Transactions on Electron Devices, Vol. 44, Iss. 11,
November 1997, pp. 1981-1989.

[17] Dekker, R., Baltus, P., van Deurzen, M., Einden, W v.d., Maas, H., Wagemans, A.,
"An ultra low-power RF bipolar technology on glass," Proceedings of the
International Electron Devices Meeting 1997, pp. 921-923, 7-10 December, 1997.

[18] Tagami, K., Kubo, T., Makihara, C., Tanahashi, S., Emura, H., Tanaka, J.,
Sueyoshi, T., Kunimatsu, Y., Sigliano, R., Nelson, C., "Glass ceramics functional
substrate development," Proceedings of the International Conference on Multichip
Modules, pp. 363-370, 2-4 April, 1997.



A DESIGN FOR A 10.4 GIGABIT/SECOND
SOLID-STATE DATA RECORDER

Richard J. Wise, Jr.
Systems & Processes Engineering Corporation

ABSTRACT

A need has been identified in the Test and Evaluation (T&E) and tactical aircraft
communities for a ruggedized high-speed instrumentation data recorder to complement the
ever-increasing number of high frame-rate digital cameras and sensors. High-speed digital
camera manufacturers are entering this market in order to provide adequate recording
capability for their own cameras. This paper discusses a Solid-State Data Recorder
(SSDR) for use in Imaging and High-Speed Sensor Data Aquisition applications. The
SSDR is capable of a 10.4 Gb/sec sustained, 16Gb/sec burst, input data rate via a
proprietary 32-channel-by-10-bit generic high-speed parallel interface, a massively-parallel
256-bit bus architecture, and unique memory packaging design. A 32-bit PCIbus
control/archive and dedicated DCRsi™ interface are also employed, allowing data
archiving to standard high-speed interfaces (SCSI, Fiber-Channel, USB, etc.) and
DCRsi™-compatible tape recorders.

KEYWORDS

Solid-State Data Recorder, High-Speed Video Imaging, Digital Sensor Processing, and
Data Archiving.

INTRODUCTION

Current and future aircraft, space, and autonomous missile applications have limited space
remaining to install the large tape recorders needed to acquire test flight and mission data.
As the complexity of the guidance and avionics systems of these platforms increases, the
need for high-capacity data recording equipment becomes apparent. Additionally, current
airborne reconnaissance platforms’ use of analog sensors is gradually transitioning to
digital devices in order to accommodate the tremendous volume of high-resolution imagery
and sensor data. For example, Silicon Mountain Designs is developing a Charge-Coupled
Device (CCD) high-speed color imaging camera capable of 4000 frames/second with a
512 X 512-pixel resolution; when digitized into 10-bit pixel information, this frame rate
converts to a 10.486 gigabit/second data rate!



Tape storage devices are not capable of handling the data rates and storage capacity
requirements of the digital sensors (most are only capable of a maximum 240
megabit/second data rate) and are prone to poor reliability and communication/processing
errors, mainly due to their mechanical tape transport mechanism. Current non-volatile
SSDRs, having mainly been designed as higher-performance “drop-in” replacements for
the tape devices, are only capable of storing data at a maximum of 1gigabit/second.

The subject design accommodates the high data rate, high storage capacity requirements of
these digital sensors in a compact, high-performance form factor, with medium power
requirements. The design was developed by Systems & Processes Engineering
Corporation (SPEC) at their Austin, Texas laboratories under the trade name Tornado
10™.

OVERVIEW OF THE DESIGN

The prototype of the design is housed in an ARINC-standard 1ATR Long enclosed chassis
and is cooled by conduction of heat to the chassis exterior walls and bottom plate. Figure 1
illustrates the block diagram of the design, which is divided into two (2) modules
interconnected by a Backplane/Power Supply module.
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The High-Speed Interface Module (HSIM) consists of the Interface Adapter, Data
Processing Card, Data Transposer, and Master Memory Controller sub-modules. The
primary functions of the HSIM are to accept data from a wide-bandwith source (a CCD
imager, digital sensor, etc.), coordinate the transfer of data into the memory components of
the Memory Modules, and coordinate the downloading of data from the memory
components to the user via a selected interface port (SCSI, DCRsi™, etc.).

All the memory components of the design are contained in up to eight (8) identical
Memory Modules. Each memory module consists of six (6) Memory Cards, designed in
such a way that the total memory capacity of the design is limited only by available
electrical power capacity and space.

CAMERA INTERFACE ADAPTER (CIA)

The CIA provides the design’s specific interface to the selected imager or sensor source;
this sub-module is custom-designed to interface the high-speed data source to the design’s
generic high-speed data port described below. The adapter for the prototype
implementation of the design interfaces a 4000 frame/second, 512 X 512-pixel resolution
CCD Video Imager, being developed by Silicon Mountain Designs.

As shown in Figure 1, data from the source arrives as four (4) 1.0 Gigahertz serial fiber-
optic streams. The CIA converts these streams to sixteen (16) 10-bit parallel data streams,
each operating at a 20 Megahertz rate. Additionally, the CIA uses the buffering capacity of
the Decimation FIFOs to capture frames of data and transfer them to an external
monitoring device for camera aiming or monitoring purposes.

DATA PROCESSING CARD (DPC)

The DPC sub-module provides a generic front-end to the design. This generic front-end is
configured as two (2) sets of single-ended TTL channels:

• The primary input set is thirty-two (32) independent channels of 10-bit data, a Data
Ready signal, and a Data Clock signal for providing high-speed (maximum 57
Megahertz burst) input of imagery or sensor data.

• The secondary input set is four (4) channels of 8-bit data, a Data Ready signal, and
a Data Clock signal, providing low-speed (maximum 33 Megahertz) alternate data
to the first four (4) primary channels.

Each primary channel employs one Data Processing ASIC (DPA) for processing of the
associated incoming data stream; Figure 2 shows the block diagram of the DPA. The DPA



implements data compression, data blocking, and error correction encoding operations to
ensure maximum density and integrity of data stored to memory.
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The DPA design employs the lossless Rice/USES compression engine. The Rice
algorithm, named after its author, Robert Rice of Jet Propulsion Laboratories, was
designed for NASA to compress image data from space. The code, now renamed
Universal Source Encoder for Space (USES), has been greatly improved from its original
form by Dr. Pen-Shu Yeh of NASA Goddard.

DATA TRANSPOSER SUBSYSTEM (DTS)

The DTS, shown in Figure 3, accepts the 32 channel data streams (with associated control
signals), buffers each channel data stream, arbitrates channel buffer access to the 256-bit
memory bus to the memory modules, and outputs the arbiter-selected channel buffer onto
the memory bus; all these functions occur at the memory bus clock rate of 66 Megahertz.
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Figure 3: Data Transposer Subsystem Block Diagram

MASTER MEMORY CONTROLLER (MMC)

The MMC, a block diagram of which is shown in Figure 4, provides the low-level
interface between the HSIM, Memory Module, DCRsi™, PCIbus, and error correction
decoding functions. The following data flows are controlled by the MMC:

• DCRsi™-to-DPC (Low-Speed Recording) - Data input from the DCRSi™ port is
routed to the four (4) Low-Speed Data ports of the DPC, where data compression,
error correction encoding, or blocking information can be optionally appended
before being forwarded to the memory module via the memory bus.

• Memory-to-PCIbus (Playback) - Data previously stored in the memory module is
routed, via the memory bus, to the PCIbus port (with optional error correction
decoding), where the System Controller may further route the data stream to
PCIbus-compatible interfaces (SCSI, Fibre-Channel, etc.).

• Memory-to-DCRsi™ (Alternate Playback) - Data previously stored in the memory
module is routed, via the memory bus, to the DCRsi™ port (with optional error
correction decoding).

• HSIM Configuration - Data input from the PCIbus is routed to the CIA or DPC
Configuration Registers for programmable selection of interface or data processing
options.



Master Memory Controller ASIC

PCIbus
Controller

Front-End Bus
Interface

Reed-Solomon
Error Correction

Decoders

Memory Bus
InterfaceDCRSi Interface

A
d

d
re

ss
/D

at
a

C
IA

 S
er

ia
l C

o
n

fi
g

u
ra

ti
o

n

D
P

A
 S

er
ia

l C
o

n
fi

g
u

ra
ti

o
n

F
ra

m
e 

D
ec

im
at

io
n

/S
ec

. I
n

p
u

t

In
p

u
t 

D
at

a

O
u

tp
u

t 
D

at
a

T
ra

n
sc

ei
ve

r 
D

at
a

3288

32 3 3 32

Encoded Data

Decoded Data
8

8
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The MMC interfaces to the 256-bit memory bus via a bank of 32-bit transceiver
components. Data is clocked into or out of the transceiver bank as 256-bit data directly
onto the memory bus and as 32-bit data internal to the MMC.

An interface is provided for marker data insertion into the data streams from the DPC by a
serial time transfer from the MMC to the DPAs. The MMC keeps a free-running time-tag
with a 10-4 second, synchronized with a one pulse-per-second IRIG signal from external
time-code generation equipment. This marker data is serially transferred to the DPAs ten
thousand times per second.

The MMC uses two AHA4011 Error Correction Encoder/Decoders, manufactured by
Advanced Hardware Architectures, to facilitate error correction decoding. When error
correction decoding is enabled, the MMC directs byte-wide data from the memory bus
tranceivers to one of the devices. When this device becomes full and begins its’ decoding
cycle, data is redirected to the second device; when both devices are full and executing
their decoding cycle, the MMC pauses memory data transfer until one of the devices
completes its’ decoding cycle and indicates ready to accept additional data. As each
device becomes ready for output of corrected data, the MMC controls data flow to the
destination port.

The 66 Megahertz memory bus master clock and 33 Megahertz HSIM master clock are
generated by the MMC and routed through zero-latency clock distribution networks to
supply one memory bus master clock for each memory sub-module and one HSIM master



clock for each of the CIA, DPC, and DTS sub-modules. Using this design, a maximum
skew between distributed clock outputs of one nanosecond is achieved.

SYSTEM CONTROLLER

Overall control of the SSDR design is accomplished by a COTS 133 Megahertz
Pentium™ core module in a PC-104 PLUS form factor. This module controls serial ports
for Programming/Control, Frame Decimation, and DCRsi™ command control, as well as a
SCSI data archiving port.

MEMORY MODULE

Synchronous DRAM (SDRAM) memory for the design is contained within the Memory
Module. The module is partitioned into up to eight (8) sub-modules of six (6) memory
cards each. All data and SDRAM control signals are redriven between memory cards to
minimize signal skew through the module.

Figure 5 shows the packaging arrangement of memory cards into sub-modules. A sub-module is
constructed by stacking memory cards using elastomeric conductive polymer interconnects (ECPI) to
provide interconnect between cards. A metallic frame is placed between memory cards to provide a
thermal path from the memory card components to the chassis side wall. Finally, connector cards are
placed on either side of the resulting memory card stack to provide the mechanical connections to the
memory bus and the entire stack is compressed together using standard hardware to bring the ECPIs into
solid contact with the memory card etch.

Chassis/Module
Interface

Memory Card (6)

Thermal
Management
Frame

Cover Plate (2)

Connector
Cards

Figure 5: Memory Module Packaging



MEMORY CARD

Each memory card contains sixty-four (64) 64 Megabit SDRAM components, for a total of
4 Gigabits (0.5 Gigabyte) of storage capacity per card, 24 Gigabits (3 Gigabytes) per
module, and a total capacity of 192 Gigabits (24 Gigabytes) for the entire Memory
Module. Assuming a 2:1 compression ratio using the RICE/USES compression engine,
this translates to a maximum theoretical storage capacity of 384 Gigabits (48 Gigabytes).
Only one memory card is fully active at a time to reduce power consumption.

Memory fills or empties from the back (last memory card of the last memory sub-module)
forward in response to memory read/write operations. As each memory card fills or
empties, its’ transceiver bank places all outputs onto the memory bus in the high-
impedance state and the next memory card forward enables its’ transceiver bank onto the
memory bus. Memory cards are capable of both single read/write or multiple burst
read/write operations. SDRAM refresh is accomplished between read/write cycles under
the control of the Memory Controller ASIC.

Memory card clock distribution of the 66 Megahertz memory bus clock is accomplished
using a zero-latency clock distribution network similar to the ones in the MMC design.
This clock network isolates the memory card internal clocking from the memory bus clock,
thus presenting a one-unit load to the master clock from the MMC per memory sub-
module.

POWER DISTRIBUTION

Power for the design is supplied by eight (8) DC/DC Converters, mounted between the
backplane and chassis bottom plate, as shown in Figure 8. Two of the converters supply
+5.0 VDC to the HSIM, while the other six supply +3.3 VDC to the HSIM and Memory
Module. Heat generated by the converters is transferred to the chassis bottom by heat
sinks integrated into the bottom of each converter, satisfying the requirement of heat
transfer via conduction only. The design requires +28VDC power at 34.5 Amps maximum.

FUTURE WORK

At the writing of this paper, SPEC has initiated a contract to develop a non-volatile version
of the design capable of a 2 Gigabit/second data rate. The High-Density Recorder (HDR),
code named Tornado 2™, will replace the Tornado 10™’s 256-bit parallel memory bus
with a gigabit-rate serial token-ring data link. Memory Modules will consist of banks of
256 Megabit EEPROM components arranged so that pages of data may be written and
programmed into the EEPROMs without interruption to data flow. The HSIM and each
Memory Module will be housed in ARINC-standard ¼ ATR Long chassis, each providing



its’ own power. A high-speed memory bus interface will also be designed into the HDR to
enable data recorded by the Tornado 10™ to be offloaded or backed-up to the Tornado
2™.

CONCLUSION

The SSDR discussed in this paper satisfies the need for a ruggedized, high-bandwidth
solid-state data recorder. Full configurability allows for independent application of lossless
data compression, forward error correction, and data blocking without impeding the 10.4
Gigabit/second sustained data rate. SDRAM components provide up to 24 Gigabytes
(uncompressed) of data storage capacity.
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ABSTRACT

Current ground-based tracking systems at the DoD test and training ranges require
transmission of a variety of signals from rotating platform to fixed control and process
center. Implementation of commercial off the shelf (COTS) solution for transmitting high-
speed, multiple-channel data signals over a rotational platform prompt the development of
an advanced electro-optic hybrid rotating-to-fixed information transmission technology.

Based on current demand, an Air Force-sponsored Small Business Innovative Research
(SBIR) contract has been awarded to Physical Optics Corporation (POC) to modify
existing tracking mounts with a unique electro-optic hybrid rotary joint (EOHRJ). The
EOHRJ under current development is expected to provide the following features: 1)
include a specially designed electrical slip-ring, which is able to accommodate hundreds of
transmission channels, including electrical power, control, feedback, and low-speed data
signals; 2) include an optical fiber slip-ring which, by incorporating with electrical time
division mulitplexing (TDM) and optical wavelength division multiplexing (WDM)
technologies, is able to provide multiple channel, high data rate (over gigabits per second),



and bi-directional signal transmission; and 3) is designed to be reliable for harsh
environmental operation, adaptive to stringent size requirement, and accommodating to
existing electrical and mechanical interfaces.

Besides the military use, other possible commercial applications include on board
monitoring of satellite spinners, surveillance systems, instrumentation and multi spectral
vision systems, emergency/medical instruments, remote sensing, and robotics.

KEY WORDS

Electrical slip-ring, Fiber Optical Rotary Joint, Tracker System
Wavelength Division Multiplexing (WDM), and Time-Division Multiplexing (TDM)

INTRODUCTION

The current video tracker, Kineto Tracking Mount (KTM), is used at the DoD for range
safety, fight vision, and other real-time applications. Most KTM systems use cable wrap or
waveguide rotary joints for transmission of electrical data, video and audio signals, and
other information from numerous sensors on a rotating platform to control and process
systems at a fixed location. With the swift development of modern technology and
applications, there has been a tendency to add more sensors to existing mounts, which
results in an increased number of data stream channels and an increased data rate for each
channel in a data stream. For instance, in the current KTM system, more than 100 signal
channels, distributed from dc to radio frequency (RF) bands, be connected from a rotating
platform to a fixed center. In addition, high definition color video and infrared sensors to be
installed on future tracking systems generate high-rate data streams exceeding hundreds of
Mbits per second (Mbps), even Gbits per second (Gbps). In order to make modern sensing,
control, and processing systems operate accurately at highspeed, a reliable, speed-matched,
rotating-to-fixed signal transmission technology is urgently needed.

At the moment, there are three available approaches being used to transmit electrical
signals from a rotating platform to a fixed position: 1) copper slip ring, 2) the cable wrap
structure, and 3) waveguide rotary joint. All three approaches required severe limitations on
the operational performance of rotational transmission systems. The copper slip ring can
only operate at relatively low speed, say, under 30 Mbps because many factors, such as
physical contact, moisture, and difficult impedance match, always put a limit on system
operation speed. The cable wraps limits ability in continuous rotation without dropping the
tracker and unwrapping the cables. This results in a limited angular tracking range. Most
cable wrap connectors used in existing military and civilian systems have to confine their
rotation in azimuth to about 540 degrees. Rotary waveguide joints are employed for signal



transmission through the axes of the waveguide mount, so their applications are limited only
in radar and microwave antenna transmission systems.

The introduction of lightwave technology into today’s communication, computer, and
sensor networks [1] for both military and industrial applications has spawned numerous
new phoptonic components that are smaller, lighter, faster, and more reliable than their
purely electronic counterparts. Optics and photonics are gaining in popularity because of
their intrinsic high-speed, high information volume, and immunity to electromagnetic
interference (EMI). At the same time, they have become affordable. Based on current
demand, an Air Force-sponsored Small Business Innovative Research (SBIR) contract has
been awarded to Physical Optics Corporation (POC) to develop a unique electro-optic
hybrid rotary joint (EOHRJ) for existing KTM systems application. The EOHRJ under
current development is expected to provide a number of unique features. First, it includes a
specially designed comprehensive electrical slip ring (ESR), which is capable of
accommodating hundreds of transmission channels, including electrical power, control,
feedback, and low-speed data signals. Second, it includes a state-of-the-art on-axis fiber-
optic rotary joint (FORJ) which, by incorporating with electrical time division multiplexing
(TDM) and optical wavelength division multiplexing (WDM) technologies, is able to
provide multiple channel, high data rate (over Gbps), and bi-directional signal transmission.
Third, the EOHRJ, an integrated version of ESR and FORJ, is designed and fabricated to
be compact and adaptive to existing KTM space; rugged and reliable for harsh
environmental operation; and accommodating to existing electrical and mechanical
interfaces. By closely working with user requirements, the future-developed EOHRJ will be
incorporated into the current KTM system to improve its system function and performance.
This paper presents our current joint work in this project. We first address our motivation in
EOHRJ development. We then present the FORJ, including its architecture, major
functional parts, and initial testing results. The specially designed ESR to be integrated with
FORJ and adapted to the existing KTM is then covered more completely. Finally, the
presentation is ended with application scenario and concluding remarks.

THE MOTIVATION OF ELECTRO-OPTIC HYBRID ROTARY JOINT (EOHRJ)
DEVELOPMENT

Many current weapons systems use a variety of sensors and testing devices to monitor and
measure systematic, environmental, and other operational factors. These sensors and testing
devices may operate in different frequency or wavelength bands, and in different
environmental conditions. What makes the task more difficult is that in many cases the
sensors and testing devices are often distributed on a rotating platform and the received
signals have to be transmitted from the rotating platform at the testing field to a fixed point
at the command or process center. For example, Air Force’s current mobile optical KTM
tracker systems are equipped with a number of optical and electrical sensing devices,



including high frame rate cameras. During the space test operation, the sensor platform has
to trace fast moving targets in both horizontal and vertical dimension, and send all types of
signals to base center. At the same time, the electrical power, control, and command signals
have to be transmitted from base center to rotating platform. Presently, the function of
rotating to fixed (RTF) signal transmission is handled by a large number of electrical cables
(nearly 200). The current use of wrap cables as RTF connectors has straightly limited the
rotating angle of the entire tracker system to 380 degrees. Whenever the angle is over this
limit, the wrapped cables have to be unwrapped to avoid breaking, which often lead to
missing a target, thus causing loss of time, money, and manpower. Furthermore, using
diversified cables to transmit wide range of signals limits system operation speed to less
than 100 Mbps. To overcome the above problems, a special and comprehensive rotary
joint, which is capable of handling RTF transmission for all types of signals, is urgently
demanded. It is motivated by this demand that the current program has been initiated. The
aim of the program is to develop a unique EOHRJ to replace all cable wrap joints and, at
the same time, furnish additional high-speed signal channels to the existing tracker system.
Investigation continues for the following tasks to achieve this goal: 1) develop a unique
FORJ, incorporated with electrical TDM optical WDM, to perform RTF function for high-
speed signals (up to GBPS); 2) develop a special ESR to handle RTF function for all dc,
low-speed, and high-power signals; and 3) generate a unique EOHRJ by integrating FORJ
with ESR to complete the KTM system modification. Figure 1 shows the schematic of a
future KTM system, which will be equipped with POC’s EOHRJ.

 Figure 1
Future KTM System Equipped with EOHRJ



DEVELOPMENT OF AN ON-AXIS FORJ
FOR HIGH-SPEED SIGNAL RTF TRANSMISSION

Current KTM tracking platform is equipped with 35 mm model 4E cameras, that are
capable of frame rates of 6 to 360 frames per second (fps). The high frame rates allow for
super slow motion examination of events such as weapons separations, parachute
deployment tests, load extractions, and munitions dispersals. In the near future, even higher
speed cameras (over 1,000 fps) will be used. These high-speed cameras generate video
signals with over GBPS data rate, such high data rate is impossible to be handled by
existing RTF structures. In order to overcome this bottleneck, an on-axis FORJ, which uses
current advanced fiber optics and photonics technologies, has been investigated by POC.

I. Concept and Architecture of FORJ
The FORJ under development is composed of two compact optic and photonic
components: 1) a light receiving and transmitting component, which is either a non-image-
optics (NIO) component or a graded refractive index (GRIN) rod lens, and 2) a photonic
component, which is POC’s fiber data link system (including electrical TDM, optical
WDM, and transceiver [TRx] array). The schematic of the FORJ concept is depicted in
Figure 2.

 As shown, the multiple signals on the rotating platform are first multiplexed through
electrical TDM, and then converted to optical signals through internal transceiver array
(1.2,..., n). These optical signals are then mixed into a single optical fiber through a
compact, optical WDM component. The light beam transmitted in the optical fiber is then
expanded, collimated, and emitted into the air by a NIO or GRIN component, which is
placed in the center position of the rotating platform. Due to this center emitting
arrangement, the output light beam propagates in the air in a stationary manner without
being affected by the rotation of the platform. The collimated light beam is received and

Figure 2
Schematic of the FORJ Concept



focused back to a single optical fiber by the second NIO or GRIN component. The received
light is carried to the second WDM component, where the optical signals (1,2, …, n) are
demultiplexed and sent to the command base for detection, electrical time division
demultiplexing, and further signal processing. In this way, multichannel signals from a
rotating platform can be transmitted to the fixed ground center. Following a similar process,
the signals from the ground center can be transmitted to the rotating platform, because the
optical components involved in this FORJ system (optical fiber, NIO or GRIN lens, WDM,
and optical transceivers) are all bi-directionally operable. Therefore, not only can the
control center receive sensed signals from rotating platform for monitoring and processing,
but it can also send signals (such as actuator command, switching, or feedback signals)
back to any one of the sensor arrays for controlling. In addition, because all the above-
mentioned optical components are able to carry or handle over GBPS signals, the FORL set
inherently provides high data rate capability.

II.  Major Functional Components for FORJ
The on-axis FORJ is designed to be small, compact, and rugged, it consists of optical
fibers, a pair of NIO or GRIN components, and a pair of POC’s fiber data link sets which
include electrical TDM, optical WDM, and electro-optic transceivers. We now briefly
introduce the most important functional components: NIO and GRIN lens, electrical TDM,
optical WDM, and POC’s fiber optic data link system.

1. Non-Imaging-Optic (NIO) Components
Principle: Unlike conventional lenses, which function on the principle of light refraction,
NIO components function on the principle of total internal reflection (TIR) and Lagrane
invariant characterization of light propagation through an optical system for paraxial beams
[2-4]. The structure can be realized in either a dielectric or metallic configuration. The
former, which operates on TIR principles (in which the reflection coefficient is exactly
equal to 100), while the latter relies on low loss reflection from finely, polished metal to
concentrate the beam.

Design and Example:  A typical NIO structure is shown in Figure 3.

  Figure 3
Typical NIO Structure



According to Liouville’s theorem, the following relation always holds true:
                                              D sinθ2 = d sinθ1                                  (1-1)

Where D and d represent the diameters of the cross-sections at the large and small ends of
the NIO component, respectively; and θ2 and θ1 represent the light beam divergence angels
at the corresponding ends. For this application, d and θ1 at one end are determined by the
optical fibers used, while the aperture at the other end can be decided easily by the beam
collimation requirement. The transition curve (or surface morphology) between these two
ends can be designed by using POC’s in-house ray tracing program to achieve peak
collection efficiency allowed by Liouville’s theorem. Assume that an NIO component is
designed to connect a single mode fiber of d= 8.5 µm, NA = 0.11 in one end. To provide a
collimated beam in the other end with a beam divergence angle of 0.05 degree, the large
aperture in the other end will be 1.071 mm.

2. GrinLenses
Besides NIO components, market available graded index (GRIN) lens can also play the
role of the light transmitting and receiving function in the FORJ.

Principle: The refractive index profile in the GRIN lens is approximately quadratic;
therefore, it guides light in the same manner [5-6]:

                           N(r) = Na (1- A r2/2)                                          (2-1)
Where r is the radial distance from the optical (and geometric) axis, N(r) is the refractive
index at radius r, and Na is on the optical axis. Figure 4 illustrates the light transmission
through a GRIN lens.

Figure 4
Light Propagation in GRIN Rod Lens.  (a) Guided Light in a
GRIN Lens; and (b) A Pair of ¼ Pitch GRIN Rod Lenses for
Light Transmission in ORFIT System.



Design and Example: If a point light source (such as light emitted from an optical fiber)
is placed against the end face of a 0.25 pitch GRIN lens, an expanded and collimated light
beam will be emitted from the other end face. Here, pitch length is an effective focal length
of GRIN lens. Reciprocally, the collimated light beam can be focused into an optical fiber
by another identical GRIN lens. In our first prototype FORJ, we use a pair of quarter pitch
GRIN lenses of 3-mm aperture to collimate and focus the light beams. The resulted light
RTF transmission loss was measured to be in 0.9 to 1.2 dB range.

3. Electrical TDM
In this program, electrical TDM has been employed to interleave multiple lower-speed
signal channels for transmission over one higher-speed channel.

Principle: The operating principle of TDM is depicted in Figure 5.

As shown, with the help of a synchronizing clock signal, N channel signals in a frame can
be timely multiplexed into one single transmission channel in the transmitter side, and in the
receiver side, the multiplexed signal can be timely demuliplexed back to N channel signals
with the help of the common clock signal.

Design and Example: In our fiber data link system, a 16x1 TDM circuit has been designed
and fabricated with a clock rate of 10 MHz.

Figure 5
Operating Principle of TDM:  with the Help of Synchronizing
Clock Signal N to 1 and 1 to N, Channel Transformation is
Realized.



4.  Optical WDM
In this project, by using optical wavelength division multiplexing (WDM) technology,
multiple wavelength optical signals from different channels and different signal formats can
be independently and simultaneously transmitted in a single optical fiber.

Principle: POC’s WDM component consists of only three parts: a fiber array on a silicon
V-groove substrate, a molded lens, and a planar diffraction grating. When multichannel
optical signals with wavelength separation of ∆λ are transmitted into the input fiber array,
they are first collimated by the aspherical molded lens, then each of collimated light beams
is incident onto the dispersion grating and diffracted back to a pre designated position. With
proper design [7-9], the light beams from all the fibers are focused by the same lens and are
received by common output fiber.

Design and Example: Following POC’s design procedure presented in literature [9] and
[10], the WDM devices with required channels, 4, 8, or more, can be produced into a small
and compact case. Figure 6 shows a four-channel WDM component that was used in the
initial phase I project.

 Figure 6
Four-channel WDM Component

5. Multimedia Transmission systems
For initial FORJ testing, a pair of POC’s 4104/4104A multimedia transmission systems
were used to send and receive multiple RTF transmitted signals. The system provides
simultaneous one-way transmission of four baseband video channels and four audio
channels over one multimode fiber. The demultiplexers use subcarrier frequency



modulation to combine audio and video electrical signals (which simulate the images
received in KLM system). This system does not need user adjustment, enabling quick setup
and trouble-free operation. Figure 7 shows the block diagram of this system.

Figure 7
Demultiplexers Using Subcarrier Frequency Modulation to Combine Audio and Video

Electrical Signals

                   III. FORJ Prototype and Performance Demonstration

Before investigation of a formal EOHRJ for KTM use, POC has designed and fabricated a
FORJ prototype to simulate KTM function. The initial FORJ prototype and its performance
demonstration setup are shown in Figure 8.

Figure 8
Initial FORJ Prototype in Performance Demonstration Setup

Each rotating shaft includes two FORJ units located at the ends. Four real-time video
signals were used to verify its multiple channel RTF transmission capability. These signals
were input to the transmitter set of the POC 4104 multimedia system, where four electrical
signals were first digitized and transformed to four optical signals at four pre designed



wavelengths. Then these optical signals were multiplexed into one optical fiber, and input
through an ST connector to the rotating shaft. In the rotating shaft the multiplexed signal
experienced consequently two times of RTF transmission through two FORJ units. Finally,
the output signal from the rotating shaft was sent to the receiver set of POC 4104 system, in
which the optical signal was reconverted to its original video signals through
demultiplexing, demodulation, and the D/A conversion process, and shown on a four-
section monitor. During the continuous rotation of shaft, all four channels of video signals
were transmitted smoothly without interruption. The transmission loss of the entire system
was measured to be 8 dB, with each FORJ contributing 3dB loss.

DEVELOPMENT OF A SPECIAL ELECTRICAL SLIP RING (ESR)
FOR ELECTRICAL POWER AND LOW-SPEED SIGNAL RTF TRANSMISSION

In addition to the FORJ for high-speed signal RTF transmission, a comprehensive electrical
slip ring (ESR) is in investigation to handle all electrical signals (these signals are
transmitted by wrap cables in current KTM systems). Then, by integrating the FORJ unit
with this ESR, the demanded EOHRJ can thus be generated to meet our application goal.

1. Concept and Architecture
The development of a KTM matched ESR and EOHRJ faces the following challenging
problems. First, the number of signal channels to be transmitted in KTM is exceptionally
large. As many as 200 cable lines may be involved. Second, the types of the signals to be
handled are very versatile, ranging from DC to RF signals and small power to high power
signals. Third, the existing space for ESR assembly in the KTM system is very limited and
stringent. The narrow portion is only 4.5 inches in diameter. Fourth, the FORJ has to be
integrated in the on-axis position, forming a unique set of EOHRJ to handle all types of
signals. Finally, the EOHRJ has to be reliable and able to operate in a harsh working
environment.

In response to the above challenge, POC proposes to develop a three layer integrated
EOHRJ structure. The entire EOHRJ is composed of three integrated functional rotary
joints. The outmost piece is designed to carry the power, ground, and high current rated
cables. The inner piece is designed to carry all signals from feedback, shielded, and twisted
pair cables. The central piece is the FORJ, which is inserted at the axial position to handle
all high-speed and low-power signals. In order to meet the space demands, a concentric,
drum type of ESR configuration is utilized to form an overlapped power and signal slip
rings. Nearly a hundred rings are arranged adjacent to each other along the centerline.
Figure 9 shows the schematic of the entire slip ring structure.



2. Design and Fabrication Issues
As mentioned, this KTM matched ESR consists of two portions of slip rings: the power slip
ring and low-speed signal slip ring. The former includes up to 66 rings to handle system-
required electrical power supplies, rating from 12 V to 115 V , and 3 A to 25 A in current.
The later includes up to 186 rings to handle system control, feedback, and switching signal
transmission, operating from dc to lower RF bands. Both slip rings use solid coin silver
rings and silver graphite brushes. The solid silver rings arc vacuum cast with an epoxy
dielectric onto a steel rotor structure as a group. They are not stacked on a rotor structure as
is common with other slip ring manufacturers. The silver rings are turned to be concentric
with bearing diameter and thro bore. This method of construction produces a slip ring that
is exceptionally reliable mechanically and electrically. Solid coin silver rings cast as a
group to the rotor structure climinate the problems that are associated with plated ring
surfaces and stacked slip ring rotors, which make it more suitable to handle vibration and
temperature extremes. This type of rotor structure climinates virtually all paths from ring to
ring and ring to ground. The dynamic resistance (as low as 0.010 ohm) of this slip ring is
expected to be stable over very long periods of time because the ring surface does not
change as is the case for plated ring surfaces. The entire slip ring will be made of stainless
steel, except for the outside cover, which is aluminum. All wires are cast in dielectric epoxy
for insulation, and also to prevent any movement during transport or operation. All contacts
will be soldered, using silver solder compound. To increase the lifetime, all bearings will be
sealed and lubricated.

Figure 9
Schematic of Three-layer Integrated EOMRJ and
its Attachment to the KTM System



III. EOHRJ Assembly and Installation
As shown in Figure 10, the limited space available on the KTM requires the extension of
the bottom housing to accommodate the length of the two sets of slip rings. Both slip ring
assemblies are self-contained and covered individually. To integrate the slip ring assemblies
with the current KTM in the limited space, a housing support is designed to control the
adverse effects of uncontrolled vibrations. This housing will have three functions:
1. Support the vertical axial position for both slip ring assemblies:
2. Provide an anchor to the stator base of the instrument slip ring and the stator of the
FORJ; and
3. Environmentally shield and protect all three slip rings.

Figure 10
Wooden Model of the Double Slip Ring Structure with its Internal Housing Attached

The design of the housing support involves minimal machining, using a circular ring with
two (top and bottom) flanges attached with pin and counter-sink bolt construction for
increased mechanical strength. Figure 10 shows a wooden model of the double slip ring
structure with its internal housing attached. Presently, the designed slip rings are in
fabrication.



CONCLUDING REMARKS

In this paper, we presents our work in development of a unique electro-optic hybrid rotary
joint for current ground-based electro-optic tracking system applications. By integrating a
unique on-axis fiber optical rotary joint with a specially designed two-layer concentric
electrical slip ring structure, a comprehensive EOHRJ will be produced to replace existing
wrap-cable RTF structure in the current tracker systems. It is expected that, with the
EOHRJ equipped, future tracker systems will be able to realize rotating-to-fixed signal
transmission for all types of signals channels, including electrical power, ground, control,
and feedback signals, as well as high-speed video, audio, and data signals.

Besides the tracker system application, the developed EOHRJ technology will result in a
generic electrical and optical slip ring architecture, on which a number of structural
alternatives can be developed to numerous other military and commercial applications
involving the transmission of large amounts of data and signals to and from moving
platforms. Potential applications include robotics (used to fabricate automobiles and
aircraft); surveillance systems (used for monitoring aircraft and automobile traffic);
instrumentation and observation systems located on rotating platforms (such as turbines and
jet engines); multi spectral vision systems located on automobiles and aircraft; and flight
data recorders.
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A METHOD TO ENHANCE THE BIT RATE OF LINEAR CODE
GENERATOR IN SPREAD-SPECTRUM COMMUNICATION

SYSTEM
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ABSTRACT

     Because of the limits of feedback devices, high-speed pseudo-noise code generators
cannot depend simply on the improvement of clock rate. Based on the characteristic
equation of linear feedback registers and the m-sequence sampling theory as well ,
deduction is made to indicate a novel way to improve the speed of pseudo-noise code
generators registers) oflength   theis ,2(2 nnll < times as fast as the conventional one. Also, we

extend our applications to non-reducible and non-primitive polynomials. It could be a
good way to generate these linear codes at higher rates.

KEY WORDS

Spread-Spectrum, LSR(Linear Shift Registers) , and m-sequences

INTRODUCTION

 There are two important indexes in spread-spectrum system: spread-spectrum
processing gain Gt and anti-interference threshold Mj , which can be expressed as below:

G R rP c b= /

where Rc is spread spectrum code rate in DSSS(direct spreading spectrum system), rb is
base-band information data stream speed. Also

M G L
S

NJ p sys out= − +[ ( ) ]

where, Lsys is system loss , and 
outN

S






 is output ratio of signal to noise . Obviously, for the

same base-band data rate, to enhance the spread spectrum code rate directly means that
Gp and Mj will be raised , especially when compression potential of high rate data is
limited. Therefore, we must adopt high rate spread spectrum code when devising system
to ensure anti-interference capability and spread-spectrum gain. However, because
feedback devices always restrain high-speed clock, we cannot depend simply on the
increased clock rate to speed the rate of spread spectrum code. In the first and second
section of this paper, the method to enhanced the rate of spread spectrum code generator



is deduced through the characteristic equation of LSR(Linear Shifting Registers) and m-
sequence principle. In the third section there is a designing sample and the practical
capability of the method is concluded in the final section.

1. THE BASIC PRINCIPLE OF ENHANCING LINEAR CODE-RATE

A typical and Simple LSR matrix description is set up as Figure1. We suppose the
length of LSR is n, x ji ( ) stands for the status of the ith register-unit after being shifted j
times. So we can use vectors to depict the whole LSR, namely
X j x j x j x jn

T( ) [ ( ) ( ) ( )]= 1 2 L , the relationship between two shifts of LSR is

Figure1 Scheme of a Simple Linear Shift Register
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A , here represents vector changing relationship between two adjacent moments, element
nkiGFaik ≤≤∈ ,1),2( . Expression in matrix form has such a advantage that for multi-

return LSR (without considering feedback return connection ) , like (1-1) and (1-2) to
denote the matrix, we can still get a succinct form as A only through doing some simple
primary matrix row-change to standard matrix. Namely, multi-return LSR always has a
equivalent simple LSR. We will not thereafter differentiate two cases and always call
them LSRs.
     We now look for the LSR’s characteristic polynomial. By using ],det[)( IAf λλ −=  to

deduct non-reducible polynomial, we can get 1  ,)( 0
0

=== −

=
∑ n

in
n

i
i ccwherecf λλ .

According to Cayley-Hamilton theorem, a full-rank matrix must satisfy its characteristic
matrix-equation.
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2

1
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Now we discuss the characteristic polynomial of 2A . One method is to compute its
characteristic polynomial through ]det[)( 2 IAg λλ −= , but it is very complicated . We will
adopt a method as follows. We can get from formula above:
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It is obvious that
0)]([)]([ 22 == AFAF                               (1-3)

 So it is proved that the characteristic equation with transferring matrix is 2A  is the
identical characteristic equation whose transferring matrix is A. 

l

A2  shows the status after
being shifted l2  times of conventional LSRs, but it conforms to the same characteristic
equation, and their generating sequence length periods are same.

Although coefficient matrix 
l

A2 doesn't change the characteristic equation of whole
LSR, it potentially changes the logic return-connection relationship between any register
unit and each other directly. Maybe it turns a simple LSR to a multi-return LSR. This is
agreeable to what we have discussed that a multi-return LSR is equal to a simple LSR.

NOTE:  Reference[2] gives , when characteristic equation is a primitive polynomial,
the relationship among the changes of LSR status. According to that method, we can
enhance the rate of m-sequence generator too, but the discussion about adjacent matrix
and characteristic polynomial in this proposed paper doesn’t require that non-reducible
polynomial must be a primitive one. So, it is suitable for some non-reducible polynomial.
For example, ,1)( 432 xxxxxf ++++= whose adjacent matrix is A, its output is 11110, and
when 2A  is the formula’s coefficient matrix, the characteristic polynomial would not be
changed and we can still get the same output.

2.THE SAMPLING PRINCIPLE TO ENHANCN m-SEQUENCE RATE

Since m-sequences are the most basic and the most important in pseudo-noise code
theory and engineering project, the follow discussion will be based on m sequence
sampling property.

 Suppose that the output of conventional m-sequence generator’s nth class is a infinite
sequence at the zero moment, represented as }{ nx . Considering the relationship among
sampling interval, it can be expressed as:

} )12(),2(),12(),2(),1(),0({ LLLL £»£»£» +⋅⋅+ l
n

l
n

l
n

l
nnn hxhxxxxx          (2-1)

we also suppose that output primitive code wave function is ),0)(( Tttp <≤  T is the time
duration of code cell, }11{  }1,0{ 1)1(,1)0( −=−= £¬tofrommappingaisϕϕ . So the output wave

function is :
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then,  by putting all the elements of (2-1) into a matrix composed of infinite 2 l -column
vectors, and satisfying the relationship of each conventional unit ,we can get output
matrix as follows:
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Pay attention to the row vectors:  the ith register-unit output of our ameliorated register is
surely the sampled sequence of { ( )}x jn i− +1  , sampled at 2 l  interval from the output of ith
register-unit of conventional register t; when each l value is different,  each 2 l  belong to
one coset of GF( 2 l -1), so the output line vector must be the identical with the m-
sequence( ignorant of the difference of initial phase ). we can get (n-i)th unit output

y t x h p t hToi n i
l

h

( ) [ ( )] ( )= ⋅ −−
=

+∞

∑ϕ 2
0

Without considering the difference of sampling m-sequence first phases, we can neglect
difference of initial code cells in the formula above. Obviously ,they are the same m-
sequence founction waves:
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If we extract the status of all 2 l  registers in turn during unit cell duration time,
outputting a column element in the conventional code cell duration time can compress the

duration of every code cell to 1

2 l
 , so the output is
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Compared with (2-2), the formula above is reduced 2 l  times, so the rate of m-
sequence is enhanced 2 l  times.



3 A DESIGN OF SPREAD SPETRUM SEQUENCE GENERATOR

We here give a design example. Generally, the calculation of AND gate takes double
time as much as the calculation of XOR gate does. The typical use of this method in this
text is that when we design TTL or COMS circuit, it overcomes the code sequence
generator limitation produced by feedback device. The example as follow is a scheme
that m sequence which have 7 register units and whose code length is 127 realizes double
rate feedback logic.

We use primitive polynomial 761)( xxxf ++=  and unit matrix to construct adjacent
matrix A , and hence 2A :
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Then, the concrete feedback juncture logic is showed as above. This is a double-return
structure. It returns to )1(),1( 21 ++ jxjx  separately. We should add a multiplex to output
sequence in design in order to control selective connection of two clock-neighboring
unites. So when a traditional LSR exports a code cell , our LSR gets two cells output .
The rate of code is enhanced two times. Feedback connecting line doesn't change
primitive polynomial of the new sequence. It is the basis of enhancing rate of pseudo-

x1(j+1) x3(j+1) x5(j+1) x7(j+1)

x2(j+1) x4(j+1) x6(j+1)

MUX

XORXOR

Masking
Codes

Encryption
Algorithm

Figure2   A scheme of  m-sequence generator at double speed



noise code and the key of acceleration method is that it realizes acceleration at multiplex.
In Figure 2, we can see how it is realized:

4 CONCLUSION

    The method in this paper would enhance the rate of m-sequence spread spectrum
generators registers) oflength   theisn n,(22 ll < times as fast as traditional generator. It is

realized by making the status of each register unit jump 2 l  times in one clock period and
at the same time sampling each 2 l  register-unit . The reason why we enhance the rate to
2 l  times is because it is easy to realize in the digital circuit with 2 l  selective connector.
And the method in the paper can be extended to non-maximum length sequence, which is
based on non- reducible polynomial.
      In general, this paper proposes a method to enhance rate of spread spectrum code
through two ways: characteristic polynomial and sampling theory of m-sequence. The
method can enhance processing gain and anti-interference ability .It offer a method and
theory to realize the design of spread spectrum code of broad band, high rate in spread
spectrum communication systems.
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ABSTRACT

The mathematics basis that can form a telemetry system is orthogonal functions. Three
kinds of orthogonal functions are used up to now. First of them is sine and cosine
function family. The second one is block pulse function family. The third one is Walsh
function family. Their corresponding telemetry systems are FDM,TDM and SDM
(CDM).
Later we introduced an orthogonal function which is called Bridge function. The
corresponding system is named telemetry system based on Bridge function.
Now a new kind of orthogonal function , Generalized Bridge function , has been found. It
can be applied to practical multiplex of information transmission. In this paper the author
provides the design concept, block diagram, operational principle and technical
realization of telemetry system based on Generalized Bridge function.

KEY WORDS
Generalized Bridge function, Bridge function, orthogonality, copy, and shift.

INTRODUCTION

The basis of mathematics to form multiplex telemetry system is the orthogonal function.
Theoretically speaking, any kind of orthogonal function family can be used as subcarrier
waves in multiplex telemetry system. But it is really practical in engineering is that
whether it is easy to realize or not. Due to use computer, most of telemetry systems base
on binary number system, but in fact binary number system is not best number system,
some researches on multi-number system (the number base is larger than 2) are being
done. Now multi-number system digital modulation has been widely found applications
in practical digital modulation system, such as pulse multi-level amplitude modulation,



pulse multi-frequency digital modulation and pulse multi phase modulation and so on.
From the view of algorithm, with the development of computer and integrated circuit,
realizing multi-number digital system is not more difficult than realizing binary digital
system. Generalized Bridge function is a new kind of orthogonal function. According to
the copy theory generalized Bridge function can be easily generated. And generalized
Bridge function is a kind of multi-value function, which corresponds to multi-number
system. So it can be applied generalized Bridge function to telemetry system.

THE MATHEMATICAL EXPRESSION OF GENERALIZED
BRIDGE FUNCTION

There are two kinds of generalized Bridge function. One is copy-shift generalized Bridge
function; another is shift-copy generalized Bridge function. These two kinds of
mathematical expressions of discrete generalized Bridge function as follows:

a. the mathematical expression of discrete copy-shift generalized Bridge function
])/[,],/([))(mod,),(mod(),,,( LtjmLBloLtjLChtmjbG pp −×=′ ωωω                 (2-1)

b. the mathematical expression of discrete shift-copy generalized Bridge function
])/[,],/([))(mod,),(mod(),,,(

~~
LtjmLChLtjLBlotmjbG pp −×= ωωω  (2-2)

whose continuous generalized Bridge functions are denoted respectively by ),,,( tmjbg p ω′

and ),,,(
~~ tmjbg p ω ,whose mathematical expressions are denoted as follows:

),],/([),),(mod(),,,( tjmLblotpjLchtmjbg jm
pp −×=′ − ωωω                  (2-3)

),],/([),),(mod(),,,(
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where  ),,( tnchp ω   is Chrestenson function, discrete Chrestenson function is defined by
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From above we can know that generalized Bridge function is the product of orthogonal
Chrestenson function and orthogonal block pulse function. Chrestenson function is
generalized Walsh function, which has p complex values. We can easily copy
Chrestenson function in accordance with the information code ω . And block pulse
function can be generated in the form of shifting unit pulse function. So these two kinds
of generalized Bridge function can be easily generated by generalized copy-shift method
or by generalized shift-copy method their information codes and they have 1+p  complex
values.



DESIGN CONCEPT

The key to realizing multiplex transmission is the least crosstalks among channels. In the
ideal case, the crosstalks vanish. We are sure that the crosstalks among channels vanish
under the condition that subcarriers are orthogonal. Two subcarriers )(tPn  and )(tPm with
same period are called orthogonal if they satisfy the following expression:

             ∫
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1                 (3-1)

Orthogonal subcarriers NktPk ,...,1,0),( =  make sure  that signals NkEk ,...,1,0, = through
multiplex channel can be separated. From  the view of mathematics, present multiplex
methods such as FDM,TDM and SDM  are  different  in that they use different
orthogonal function families.

Generalized Bridge function is the generalization of Bridge function. In our laboratory
the multiplex system used Bridge function family as orthogonal function subcarriers had
developed before. Bridge function family has contained many kinds of orthogonal
function families such as Walsh function family, block pulse function family, Haar
function family, Ter function family, Her function family and so on. And generalized
Bridge function family contains Bridge function family, Chrestenson function family and
Watari function family. We can derived many other kinds of orthogonal function families
from generalized Bridge function family. For the purpose of multiplex, we can choose
some kind of  suitable orthogonal function family from generalized Bridge function
family as subcarriers.

BLOCK DIAGRAM

The  figure 4.1 shows that unified model about realizing multiplex transmission, which
are suitable to describe any kinds of multiplex  transmission. The difference of different
multiplex transmission methods  is that  wave generator in block diagram is different. If
we use orthogonal generalized Bridge function  generator instead of the following
orthogonal wave generator, then it is multiplex transmission system based on generalized
Bridge function:

CONCLUSION

We can also easily construct real generalized Bridge functions from generalized Bridge
functions, whose values are 1+p  real values while we consider that real wave generator
is more intuitive. Generalized   Bridge functions is non-sinusoidal orthogonal  step
function, which contains most  kinds of non-sinusoidal orthogonal  step functions. It is
useful in multiplex telemetry.



Emitting  port

                                               Receive port

Figure 4.1 Unified Model
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ABSTRACT

This paper introduces the development of an S-band miniaturized solid-state pulse
transmitter. Four-way power combination technique is applied to raise output power. The
output power of the RF pulse exceeds 500W, and the combined efficiency amounts to
90%. The transmitter has many other good characteristics, such as small dimensions,
light weight, low power consumption, high duty factor and so on. Development of this
transmitter will greatly improve the ability of telemetry. It will undoubtedly promote the
application and development of pulse telemetry system.

KEYWORDS

Microwave, Solid-state, Pulse, Transmitter, Power combination

INTRODUCTION

The volume and weight of telemetry transmitter will be strictly required in the future.
Transmitter will transmit more and more data, so it is very important to develop a kind of
pulse telemetry transmitter whose characteristics should be smaller volume, lighter
weight, lower power consumption and higher power. In recent years, the development of
microwave pulse power transistor improved very fast. It advanced at a miraculous pace
not only in high power but also in frequency. The development of high power transistor
opens a new technique route for microwave pulse telemetry transmitter.

The advantage of solid state pulse transmitter is obvious. The output power of single
amplifier becomes more and more high, which makes it possible to apply the solid state
pulse transmitter in vehicle. It is developing tendency of the pulse transmitter.

ENFORCEMENT SCHEME

According to the overall requirement of telemetry system, the output power of the pulse
transmitter should be higher than 300W, so power combination technique is often used in



transmitter. There are two methods to combine power. One is to parallel many transistors,
the other is to parallel many amplifiers. If transistors are paralleled, non-balancing current
will pass though the collector and the transistor will be easily destroyed when the
characteristics of the paralleling transistors are unbalanced. In the second method, driving
power will be distribute to every paralleling amplifier, the output power of paralleling
amplifiers will be combined to output. There are many advantages in the second method.
As long as the amplifiers are adjusted in good state, high pulse power can be achieved
through connection to the mixed coupler. Amplifiers in the second method rarely effect
each other. Four-route power combiner is used in this transmitter. The transmitter theory
diagram is displayed as figure 1.

Figure 1. The theory diagram of transmitter

After the power supply runs, the oscillator of the transmitter begin to oscillate. The
oscillation frequency is S band and oscillation power is 150-200 mW. When PPK (pulse
position keying) signals come, multi-function modulator generates pulse that controls the
switching amplifier (A1). The width of pulse is 0.5µs, and the amplitude of the pulse is
24V. The switching amplifier cuts the continue wave into RF pulse whose width is 0.5µs.
The output power of the switching amplifier is 1.5W. Then, the RF pulses pass through
multistage power amplifiers, power divider and power combiner. The final output power
is more than 300W. When the group pulse signal comes, the transmission progress is the
same as transmission progress of PPK signal. But in this transmission progress, the multi-
function modulator will cut off the transmission of PPK signal automatically. After the
group pulse signals are sent out, the multi-function modulator returns to transmission of
PPK signals. When wide pulses come, the multi-function modulator does not change their
width again but amplify the pulse amplitude to fit the requirement of A1. It is said that
the width of the RF pulse is the same as that of the wide pulse. Of course, the multi-
function modulator will cut off the transmission of PPK signal automatically. The multi-
function modulator returns to transmission of PPK signals after a certain time.
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From these transmission progresses, it is certain that this transmission can transmit many
kinds of signal. But it can only transmit a kind of telemetry signal at a special time. The
PPK signals can not be transmitted when group pulse signals or wide pulses are
transmitting. That is say, there is a frame of PPK signals that almost not effect the PPK
data can not be transmitted when group pulse signals or wide pulses are transmitting.

COMPONENT DEVELOPMENT

There are pulse power amplifiers, power divider, power combiner, multi-function
modulator, oscillator, isolator and power supply in this transmitter. Some key components
of the transmitter will be introduced in this paper.

DEVELOPMENT OF MICROWAVE PULSE POWER AMPLIFIER

Generally, about designing microwave pulse power amplifier, it is be considered that the
output power, collector efficiency, power gain, band width and the stability of the circuit.
Of course, it is impossible to consider all of them. Whether they will be considered or not
should be decided according the actual situation. High pulse power is the most important
in this transmitter, so the output power will be mainly considered in the progress of
design.

In order to achieve high output power, the matching circuit is the key technique. On the
allowable condition of the transistor, it is a method to add the input power. But, the input
power con not be too high, or the collector efficiency will be decreased and the reliability
will be dropped.

There are two methods to design the input and output matching circuits----conjugation
matching and large signal S parameter. Conjugation matching is adopted in this
transmitter. It can be proved that any complex impedance can be transferred into a pure
resistance as long as the proper 1/8 wave transformer is chosen. In order to explain these,
figure 2 is displayed.

Figure 2. 1/8 wave transformer
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If the characteristic impedance of the 1/8 wave transformer is Z1, the load impedance of
terminal is ZL.
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Obviously, Zλ is a pure resistance. The result prove that 1/8 wave transformer really
can transfer any complex impedance into a pure resistance as long as the formula (1)
is satisfied. It can also be proved that the modulus of the reflection factor of 1/8 wave
transformer load terminal is the minimum.
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It can be proved that the extreme is actually the minimum. So it can be avoided that
large standing wave ratio arise in the whole matching system, which is very important
for the transmitter.

1/8 wave transformer can only transfer complex impedance into a pure resistance, but
the pure resistance is not equal to the internal resistance of signal source or the load
resistance. So1/4 wave transformer is used to transfer the pure resistance into the
internal resistance of signal source or the load resistance. These are displayed in figure
3.

Figure 3. 1/8 wave transformer and 1/4 wave transformer

In the figure 3,if Z ZL1 = ,
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After studying the method of matching network, pulse power amplifier can be designed.
There are 1.5W, 8W, 30W and 110W pulse power amplifiers in the transmitter.

DEVELOPMENT OF POWER COMBINER

According the network theory, its counter progress can be applied if power divider
satisfies the reciprocal theory. That is saying, power divider can be used as power
combiner. If many power combiners are connected together, they will form multistage
power combination array. Two-stage power combination array is displayed in figure 4.

    λg/ 4  λg/ 8

  Z2   Z1

   Z0=50Ω    ZL=RL+jXL



Figure 4. Two-stage power combination array

In order to achieve high combination efficiency, it is very necessary to decrease the
insertion loss on the condition of the same performance of amplifiers. So low loss
substrate should be adopted, and the standing wave factor of input and output should be
decreased. Generally, the loss of n-stage power combiner array is 2n times as that of
single power combiner. If the loss of single power combiner is 0.5 dB, the loss of two-
stage power combination array will be 1 dB. So the loss should be decreased as possible
in high power combination system.

There are 2n amplifiers in n-stage combination array. If K amplifiers can not work, the
output power of combination array is
                           Pof=(1- k/2n) 2 ∗P0

Where    P0 is regular input power
If one amplifier can not work in two-stage combination array, the output power is

 Pof=(1-1/22)2 ∗P0=9/16P0

If two amplifiers can not work in two-stage combination array, the output power is

 Pof=(1-2/22)2 ∗P0=1/4P0

Four-route power combiner is used in this transmitter. If one amplifier can not work, the
test result is basically same as the value on theory.

CONCLUSION

Four-route power combiner is used in this transmitter. 139W is the output power of every
amplifier that has the same performance, and combination can reach 90%. The power of
the output pulse reaches 500W. The structure of the transmitter is modular structure.
Double-sided installation is adopted in the transmitter, which made full use of the space.

Pin    Pout
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ABSTRACT

Organizations such as the National Telecommunications and Information Administration
(NTIA), Federal Communications Commission (FCC), International Telecommunications
Union (ITU) and various commercial entities use a wide range of spectral efficiency
criteria in different broadcast and wireless system applications. These criteria and related
specifications have significant differences. This paper briefly reviews some common
adjacent channel interference (ACI) definitions as well as issues surrounding the
definition of spectral efficiency. The impact of these parameters on system bit error rate
(BER) performance and closely "packed" adjacent signals is described. ACI criteria and
spectral efficiency definitions considered appropriate for existing telemetry applications
and deployment of new generations of spectrally efficient systems are illustrated. Specific
ACI and spectral efficiency performance requirements adopted by the Department of
Defense (DoD) and Advanced Range Telemetry (ARTM) project are highlighted.

KEY WORDS

adjacent channel interference (ACI), spectral efficiency, Feher patented Quadrature Phase
Shift Keying (FQPSK)

INTRODUCTION

With the continual increase in demands for higher bit rate digital wireless, cellular,
personal communications services (PCS), telemetry and broadcasting applications,
frequency bands are becoming crowded and frequency spectrum scarce. The need for



improved spectral efficiency leads to deployment of more efficient systems having lower
out-of-band ACI while maintaining robust bit error probability (BEP) performance. In the
class of power efficient systems compatible with non-linear amplification (NLA), non-
return-to-zero (NRZ) pulse code modulation/frequency modulation (PCM/FM) and Feher
patented quadrature phase shift keying (FQPSK) are used as illustrations in this paper.

Among the most important issues are: (1) spectral containment, and (2) performance in
the presence of noise and interference. The parameter satisfying the spectral containment
criterion is spectral efficiency and, for performance comparison, BEP is the basic metric.
The two typically complement one another, as it is impossible to effectively optimize one
parameter independently of the other.

POWER SPECTRAL DENSITY AND ADJACENT CHANNEL INTERFERENCE

Power spectral density (PSD) of a modulated signal and its ACI are closely related. PSD
measures power in the signal normalized to a 1 Hz bandwidth (BW) at a given frequency
offset, while ACI provides a measure of spectral power of the modulated RF signal
spectrum spilling over into adjacent channels. ACI interpretation and impact depends on
the application, and for this reason many definitions exist. In this paper the definitions
under review are: (1) the brick-wall filter per North American Digital Cellular Standard,
Interim Standard-54 (IS-54); (2) integrated out-of-band power ACI (3) ACI under a
specific bandpass receive filter and (4) total signal power relative to power in adjacent
interferer(s). ACI meaning and interpretation is now discussed.

Adjacent channel interference is computed by knowing: (1) the power spectral density of
the transmitted signal S(f); (2) the normalized 3 dB bandwidth of the bandpass receive
filter at the intermediate frequency (IF) denoted by BiTb (not to be confused with the
BTb bandwidth-bit duration product in the transmit baseband filters); (3) the bandpass
receive filter frequency response; (4) the receive detection filter frequency response, (5)
and the normalized channel spacing W. The parameters BiTb and W are normalized to
the bit rate. The next three sections highlight differences between the ACI definitions
used in several commercial applications and standards1.

ACI:  IS-54 Definition
The IS-54 ACI model sprouts from the requirement that the first adjacent channel power
must be attenuated by 26 dB below the carrier power in a brick-wall channel spacing of
30 kHz. For this model the receiver is assumed to have a brick-wall bandpass filter with
bandwidth equal to the channel spacing, thus BiTb=W. Figure 1 illustrates the complex
baseband representation of the transmitter's modulated signal of a single channel with
channel spacing W. Also shown are two brick-wall bandpass receive filters. The filter on
the left corresponds to a receiver in the same channel as the transmitter, and the filter on
the right corresponds to a second receiver that occupies the right adjacent channel. If the



right adjacent channel receiver has its bandpass filter centered around W with channel
spacing W, then the sideband of the spectrum of Figure 1 would interfere with this
receiver's ability to demodulate its transmitter signal (not shown). In other words the
region (2) of Figure 1 represents the amount of spectral leakage, i.e. integrated ACI, into
the adjacent channel receiver with a bandpass filter centered around W Hertz and a
bandwidth of W Hertz.

The amount of interfering integrated power relative to the main channel integrated power
as a function of channel spacing is specified. In this case the interfering power is the
integrated power spectral density over a bandwidth equivalent to the channel spacing W.
The IS-54 ACI model provides a metric for estimating Signal-to-Interference ratio in a
frequency multiplexed system based on the transmitter spectral performance only, as no
receive filter assumptions are made.

ACI:  Out of Band Power Definition
This second definition for ACI is known as percent out-of-band power. Figure 2
illustrates the out of band power definition. It gives an indication of the ratio of the total
amount of integrated power density that is outside the main channel power relative to the
main channel power. The interfering energy is not only limited to the first adjacent and
second adjacent, but to all the modulation induced interfering spectra outside the main
channel and can be expressed in terms of relative percentage or in decibels.



ACI with Specific Receive Filter
The third definition for adjacent channel interference involves the specification of the
receive IF bandpass filter or channel shaping filter. This filter is typically located after the
wideband roofing bandpass filter in the IF down conversion path of a receiver. Practically
speaking, the channel shaping filter is not the same as the pulse shaping filter found in the
demodulator and before the detection process. In calculating the ACI the magnitude
response of the bandpass receive filter |H(f)| must be known. Again, knowing the power
spectral density S(f), the ACI can be computed using the following equation,

This model incorporates a bandpass receive filter and provides estimates that are closest
to practical systems. Unlike the IS-54 ACI model which provides more conservative
(higher) ACI estimates, the specific receive filter model is primarily used.

Figure 3A shows the frequency spectra of three identical modulation formats under a
frequency division multiple access scheme with the middle spectrum assigned as the
desired channel. The bandpass receive filter (arbitrarily shown as a brick-wall) is
centered in the desired channel and collects power both from the desired transmitting
station and two additional stations broadcasting in the adjacent channels. In a practical
environment the receive powers from the transmitting stations are not equal due to
near/far propagation effects. However, they are shown as such for illustrative purposes.
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The bandpass filter output in the receiver perceives the power of the desired transmission
(shown in Figure 3A as shaded region [1] and the undesired or interfering power from
both adjacent channels (shaded region [2]). The ratio of the two areas, shaded area [2] to
shaded area [1], is the ACI for the channel spacing. Figure 3B illustrates the computation
concept.



Once S(f) is known, integrated ACI is easily calculated for signals that are
downconverted, coherently demodulated and detected at baseband. Figure 4 shows the
calculated ACI for FQPSK-B2,3. These values were calculated using the spectrum
presented in Figure 5. The signal is assumed to pass through a bandpass filter (BPF) with
-3 dB bandwidth equal to the bit rate and shape typical of receiver IF filters currently
used at test ranges and a 4-pole lowpass filter (LPF) having characteristics designed for
near optimum detection of the modulating signal. Different ACI results will be attained
with different assumptions.

ACI: Total Signal Power Relative to Interference Power
Yet another ACI metric is preferred for telemetry applications because it directly
accommodates unequal power relationships, adapts to tests with mixed modulation types
and directly relates to laboratory test configurations. One measures the ratio of total
power in the desired signal to total power in the interfering signal (C/I). System BEP
performance is then measured while varying the C/I ratio and W.

ACI Effects ON BEP: A Telemetry Example
ACI measurements3 were performed by summing a second non-linearly amplified signal
(with attenuator after power amplifier) with the desired signal. Experiments were
conducted as follows:

1. Disconnect second signal, find attenuator setting which gives BEP of 1x10-5,
decrease attenuation by 1 dB.

2. Connect second signal, set frequency offset equal to bit rate, vary attenuator on
second signal until BEP is again 1x10-5. Measure relative levels of the two signals at the
output of the summing amplifier.

3. Increase frequency of second signal by 0.1 bit rate and repeat step 2.



Sample results are listed in Table 1. These results show that a 1 Mb/s NRZ PCM/FM had
a 1 dB degradation with a 1 Mb/s NRZ PCM/FM interfering signal 23 to 25 dB larger
than the desired signal with a frequency spacing of 2 MHz and an IF bandwidth of
1 MHz.

Table 1. C/I for 1 dB degradation at BEP=1x10-5 (1 Mb/s).
Modulation Frequency

Separation
(MHz)

IF BW
(MHz)

C/I
(dB)

NRZ PCM/FM 1.0 1.0 10
NRZ PCM/FM 2.0 1.0 -23 to –25
NRZ PCM/FM 2.4 1.0 -40
NRZ PCM/FM 2.4 1.5 -24

Choosing an appropriate ACI metric is just half of the job. Before system level
specifications, operation plans and system maintenance requirements can be developed,
sensitivity of the receiving system to ACI must be known. Even though simulation
technology is quite advanced today, simulated ACI sensitivity is best used to discern
major differences between candidate systems. Reliable ACI performance information still
requires tests on real hardware.

SPECTRAL EFFICIENCY DEFINITIONS IN TELEMETRY

Spectral efficiency in digital modulation systems is most commonly described with the
ratio of the number of bits per second that are transmitted per Hz of bandwidth. This
convention is appropriate for general telemetry applications. While useful, this ratio, with
units of bits/second/Hz (b/s/Hz), can be very misleading. Spectral efficiency citations are
not valid unless accompanied by clear statements of bandwidth criteria used for the
calculations. Since out of band (adjacent channel) PSD attenuation versus frequency
offset from carrier varies dramatically among different digital modulation families,
meaningful spectral efficiency figures are based on bandwidth criteria consistent with the
application. For example, it is far more costly to lose segments of digital data
transmission from a multi-million dollar missile test flight due to ACI than it is to lose a
few verbal utterances during a digital telephone conversation. Thus, spectral efficiency
bandwidth should be chosen for consistency with ACI criteria which in turn establishes
the “necessary bandwidth” used by regulatory agencies4.

PSD of the NLA signal is by itself an important transmitter specification. Operational
ACI criteria for the DoD standard NRZ PCM/FM signals preferred in DoD test range
applications are well established and are normally consistent with setting necessary
bandwidth at approximately 60 dB below the unmodulated carrier (dBc). Equation 2 is an



empirical equation for the –60 dBc bandwidth required of Range Commander’s Council
standard random NRZ PCM/FM signals5.

where B is in MHz and b is bit rate in MHz. The ARTM project has established a
preliminary quality control spectral mask for FQPSK-B modulation:

where M is the mask limit in dBc, f is frequency in MHz and fc is carrier frequency in
MHz. The spectrum of a 10 Mb/s FQPSK-B signal is illustrated in Figure 5 and that of a
10 Mb/s NRZ PCM/FM signal in Figure 6. The important spectrum analyzer settings
were: resolution BW=10 kHz; video BW=1 kHz, and max hold detector. Numerical
values of these spectra associated with different bandwidth definitions are illustrated in
Table 2. Corresponding spectral efficiencies are listed in Table 3. The spectral masks of
FQPSK-B and of NRZ PCM/FM are also shown in Figures 5 and 6.

Table 2. BW with NLA (bit rate = 10 Mb/s).
Bandwidth
Criterion

NRZ PCM/FM
(MHz)

FQPSK-B
(MHz)

99% 11.6  7.8
99.9% 19.8  9.8

99.99% 24.0 12.6

-60 dBc 25.2 12.9
-65 dBc 26.6 15.2

Figure 6. NRZ PCM/FM spectrum and spectral
mask (10 Mb/s).

Figure 5. FQPSK-B spectrum and spectral mask
(10 Mb/s).
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Table 3. Spectral Efficiencies of Table 2.

Bandwidth
Criterion

NRZ PCM/FM
(b/s/Hz)

FQPSK-B
(b/s/Hz)

99% 0.86 1.28

99.9% 0.51 1.02
99.99% 0.42 0.79
-60 dBc 0.40 0.78

-65 dBc 0.38 0.66

Table 3 lists spectral efficiency values of 0.4 and 0.78 b/s/Hz for NRZ PCM/FM and
FQPSK-B respectively at -60 dBc bandwidth and b=10 Mb/s. If 99% power bandwidth is
used (a common basis in regulatory references and some commercial applications) the
respective spectral efficiency’s are 0.86 for NRZ PCM/FM versus 1.28 for FQPSK-B.
Again, the choice should be based on ACI. Assume equal bit rate channels of 10 Mb/s
signaling. Spectral efficiency based on 99% bandwidth implies one could pack eight
NRZ PCM/FM channels or twelve FQPSK-B channels into a 100 MHz frequency band.
However, if you want individual channels to operate successfully in DoD range
applications, the ACI based spectral efficiency numbers yield a choice of four NRZ
PCM/FM channels or seven FQPSK-B channels.

ILLUSTRATIVE SPECIFICATIONS – ARTM EXAMPLE

Spectral efficiency (with an appropriate bandwidth definition) was used to select
candidate modulation methods for analysis and testing. FQPSK-B modulation is
proposed as the best method for a next generation upgrade to telemetry systems. From
this point, the spectral mask (equation 3) will be used to specify spectral efficiency and
transmitter ACI indirectly.

ARTM specifications6,7 for FQPSK-B transmitters and demodulators take a direct
heuristic approach to ACI control by limiting allowable degradation of BEP performance.
Table 4 lists the current baseline BEP versus energy per bit to noise density ratio (Eb/N0 )
performance limits with additive white Gaussian noise (AWGN). The limits are derived
from laboratory and field trials of real 1 Mb/s and 5 Mb/s FQPSK-B equipment and are
well above theoretical limits derived from simulations. They also reflect inclusion of
differential encoding and exclusion of error detection (channel) coding in the system
design.



Table 4. FQPSK-B AWGN BEP Performance Limits
BEP Maximum Eb/N0 (dB)
10-3 10.0
10-4 12.0
10-5 13.5
10-6 15.0

The full burden of received ACI control is placed on the demodulator, i.e., no assistance
from upstream bandpass filters is assumed. Allowable ACI degradation is specified in
terms of a specific test. Two FQPSK-B signals operating at the same bit rate are spaced at
W = 1.2 times the bit rate. Interfering signal power is 20 dB higher than the desired
signal. The value of Eb/N0 required to produce a BEP of 10-5 or better is allowed to
increase as much as 1 dB.

The 20 dB power differential is a negotiated figure selected to accommodate near-far
signal power relations known to occur in DoD test range applications. W is a
conservative value in terms of hardware design potential, but is consistent with ACI
capability found in tests of practical FQPSK-B equipment to date.

CONCLUSIONS

This paper briefly reviewed several common ACI definitions and noted current
preferences for telemetry work. Introduction of spectrally efficient modulation methods
to DoD telemetry applications means that for a time, ACI related to new methods must be
dealt with in terms of mixed modulation modes, unequal power levels and arbitrary bit
rates. This seriously complicates ACI issues. Additional work is needed to document
system ACI sensitivity and establish optimum values of W for operations and system
designs as a function of modulation type, relative power levels and receiver design.
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ABSTRACT

Today’s telemetry systems can reduce spectrum demand and maintain secure voice
by encoding analog voice into digital data using; Continuously Variable Slope Delta
Modulation ( CVSD ) format and imbedding it into a telemetry stream. The model CSC-
0390 DvD system is an excellent choice in decoding digital voice, designed with
flexibility, efficiency, and simplicity in mind. Flexibility in design brings forth a
capability of operating on a wide variety of telemetry systems and data formats without
any specialized interfaces. The utilization of 74HC series circuit technology makes this
DvD system efficient in design, low cost, and lower power consumption. In addition the
front panel display and control function is also is an example of Simplicity in design and
operation.

KEY WORDS

Continuously Variable Slope Delta Modulation ( CVSD ), Advance Data Acquisition
Processing System (ADAPS), Integrated Data Flight Acquisition Processing system
(IFDAPS), Digital Voice Decoder ( DvD ), Commercial Off The Shelf (COTS), Pulse
Code Modulation (PCM), IRIG Standard, CSC-0390, 74 series circuit technology.

INTRODUCTION

CVSD is a method for which analog voice is converted into a digital compressed
format. This technique can be found within the IRIG Standard 106-96 manual in
Appendix F. Analog compression ratio of 12:1 to 21:1, with a single bit digital data
stream as an output, can be achieved with this type conversion. A primary use for CVSD,
at Edwards AFB, is to reduce signal spectrum requirements during mission test flights,
while maintaining a clear audio hot mic. signal from the air vehicle to the mission control
room. A Secondary use of CVSD encoded data within PCM stream, at Edwards AFB, is



to reduce the demand for extra encryption devices, while maintaining secure voice on test
flight missions.

At Edwards AFB, the Air Force requested a DvD system for their new ADAPS
telemetry system. Randy Glass began this project, with the assistance of Robert W.
Broffel, and build the CSC-0390 DvD system. Randy completed the first two operational
units, before transferring to AS&M, and passed this project over to Kevin Knudtson.
Taking over the project, Kevin with assistance from Jon Schmidt, made six operational
units. These units are in operations on the ADAPS telemetry system and on the IFDAPS.

This new DvD system is designed with flexibility, efficiency, and simplicity in
mind. Flexibility design brings forth a capability of operating on wide variety of
telemetry systems and data formats. The utilization of 74HC series circuit technology
makes this DvD system efficient in design, cost, and keeps power consumption low.
Simplicity in design and operation is highly emphasized by simple display function for
operation. Hence this new DvD system, model CSC-0390, has made digital voice
processing more convenient and easier to implement.

BODY

The model #CSC-0390 fulfills the Air Force requirement of maintaining a flexible
configuration. This DvD system can run on any parallel data interface, and support digital
voice data rates between 8 kbs to 64 kbs. Parallel data words from 1 to 32 bits are
supported starting at any bit position between 1-32 bits. The parallel bus interface to this
DvD system consists of 16 address bits, 32 data bits of data, and a data strobe. Address
selectability is defined in HEX format by internally dip switches, and is called the ID
setting. Unit will operate on parallel interfaces with no address bits, by configuring the
internal address ID to all zeros. Data words can be processed either MSB or LSB formats,
and each unit can be configured manually or remotely for voice data processing. Remote
setup is accomplished by adding 0001H to the internal address ID setting with
corresponding configuration data for setup. This new DvD incorporates an extensive
means of flexibility in order to ensure comparability on multiple computer platforms and
data formats.

Flexibility is great, but the Air Force also wanted this new system to be efficient.
This new DvD system is efficient in design and cost. It is designed using mostly 74HC
series chip technology, which is highly stable and easy to obtain. Using 74HC parts help
reduce power consumption and allowed the use of less expensive power supplies. Each
DvD Chassis is designed to fit in a 19” rack and hold two complete CSC-0390 units with
two complete power supplies. Each CSC-0390 DvD unit operates independently
providing an excellent system of redundancy for safety of test flight missions.



Circuit design in this DvD system carries an emphasis towards real-time reaction
to all data inputs. This emphasis is clearly established in the phase lock loop circuitry of
the DvD bit sync. This circuitry is designed to sync up on incoming data words, and
processes them out into serial data and clock. This method of bit sync provides
synchronization for a one and a half word buffering scheme, which increases the
efficiency of real-time processing of CVSD data. The serial data and clock are then feed
to a Harris HA5564 chip to convert the digital data to an analog audio signal. Further
signal conditioning is provided via a 5 stage elliptical filter, TP3040. Excellent signal to
noise ratio of 60-70 dbm, see Figures 1-3, are provided in this circuitry design.

 Using 74 series chip technology helps in maintain inexpensive repairs on units,
since most chips cost less than $2.00 and all components are COTS. All boards in the
CSC-0390 are designed to be PC fabricated, which provides a solid circuit consistency
between multiple circuit cards. The efficiency of design and costs of this unit make them
an excellent contender for fulfilling new DvD requirements on any advanced telemetry
systems.

Simplicity is also incorporated into the design of this system. The auto bit sync
circuitry provides a simple method of operation. A user only needs to know a DvD word
length, start bit location, and MSB/LSB format to operate this unit effectively. The audio
signal level controls are located on the front panel of each unit. Two push-buttons on the
front panel are connected to a DS1669 digital potentiometer, which provides the
necessary attenuation for controlling audio output level. The level of the output signal can
be easily seen from the front panel through a 10 step level bar LED display, LM3904. In
the event the DvD unit loses word lock, the HA5564 will be deactivated the audio output
and eliminate any extraneous noise generations. Maintenance and pre-mission check-out
is simplified, through the use of a built in test circuit, which tests 95% of the unit’s
circuitry. The test circuitry is also used for calibrating the audio output of the DvD unit.
Calibration is performed to ensure and maintain a coincident output to different
communication systems. This built in test is activated when the operator depresses the
button “test” on the front panel which enables a 1K sign wave to be generated. The 1K
sign wave is generated by a 20 bit data word of FB412 with a artificial test data strobe to
lock up the phase lock loop, and causing word lock. A clear emphases of plug and play
concept is designed within each unit, making them very simple to implement within a
new telemetry system requiring digital voice.

CONCLUSION

This new DvD platform is based in a solid circuit design that is flexible to various
computer systems and data type formats. Its efficient design and low cost provides any
user with a system that is dependable and inexpensive. Its simplistic operations and
maintenance of this system befits users by allowing them not to be bothered with



needless extensive knowledge required for operations. The CSC-0390 Digital Voice
Decoder is an easy system and solid system to enhance any modern telemetry processing
system of today.

Figure 1

Figure 2



Figure 3

ACKNOWLEDGEMENTS

Kevin Knudtson, Computer Sciences Corporation, Engineer, Edwards AFB

Randy Glass, Computer Sciences Corporation, Sr. Technician, Edwards AFB

Robert W. Broffel, Computer Sciences Corporation, Sr. Member of Technical Staff,
Edwards AFB

Jon Schmidt, Computer Sciences Corporation, Technician II, Edwards AFB

REFERENCES

Telemetry Group Range Commanders Council, “Appendix F”, IRIG Standard 106-
96 Telemetry Standards” Secretariat Range Commanders Council, U.S Army White
Sands Missile Range, New Mexico, May 1996



BIOGRAPH

Kevin M. Knudtson, CSC BLD 1440, P.O. Box 446, Edwards AFB, CA, 93523-0446,
WK# 661-277-5800, e-mail: kevin.knudtson@edwards.af.mil

During 1984, I started my electronic education in Racine Wisconsin by entering into
a college program for Robotic Technology. In my second year of this program, in
1986, I was offered a job at Computer Sciences Corporation to work on an Air Force
computer telemetry system at Edwards AFB. This system is called IFDAPS,
Integrated Flight Data Acquisition Processing System. This system was the primary
telemetry system used in testing Air Force’s Air Vehicles at Edwards AFB and is
still in use today. In 1997, as an Engineer, I began working on IFDAPS’s
predecessor telemetry system called ADAPS, Advance Data Acquisition Processing
System. While at Edwards AFB, I’ve completed an Associate of Science Degree and
a Bachelor of Science Degree in Electronics, and I’m now pursuing a Bachelor of
Science Degree in Computer Science.

John Randy Glass, AS&M, BLDG. 4840, Edwards AFB,CA 93523, WK#661-258-2862,
e-mail: randy.glass@edwards.nasa.gov

I began my career in electronics in 1976 when I entered the Air Force as a avionics
systems specialist, during these 4 years I completed various basic and systems
electronics courses. In addition I also received a Associated of Science in Electronics
in 1991 from Antelope Valley Community College. In 1883 I first started working
with Telemetry at Vandenburg AFB while working at the Intermediate Level
Maintenance Facility, for the Space Shuttle Launch Control system. After this I
worked for CSC at Ridley Mission Control in 1987, on various telemetry systems.
This included; SCI computer front end. Build-up of the C-17 Quick-Look system for
post-flight processing, for which I earned employee of the quarter for the redesign of
a interface between the telemetry front end and a MV7800 computer. Leading up to
the ADAPS build-up which is where I started working on the Digital Voice Decoder.
Currently I’m working for Analytical Services and Materials, Inc. at NASA Dryden
Flight Research Center, working on the System Research Aircraft (SRA), F-18B /
A/C # 845.



Wavelet Based Video Compression for A Low-Rate Data Link

Michael W. Landry Jeffrey C. Lee
L3 Communications, Conic Division L3 Communications, Conic Division
9020 Balboa Ave 9020 Balboa Ave
San Diego CA 92123 San Diego CA 92123

ABSTRACT

Conventional video image transmission requires large data bandwidths, whether the
signals are transmitted in analog or digital form. Many applications are limited to
bandwidths that will not support image transmission unless high compression ratios are
employed. Video compression techniques based on wavelet functions provide high data
compression while preserving image quality, but are computationally demanding.
Recently available high-integration devices that utilize wavelet basis functions for video
compression have made possible low-cost high-performance video compression systems.
Image data is more useful when provided with other data such as position information,
telemetry, or other user data. This paper describes the technology, features, and
limitations of a versatile low data rate system incorporating compressed video data.

Key Words: Video Compression, Wavelet, Data Link

INTRODUCTION

A communication system transmitting video signals can do so by directly modulating a
carrier with the analog signal or by digitizing the video signal prior to modulation.
Approximately 5 MHz of baseband video bandwidth will require as much, or even more,
RF bandwidth after modulating, depending on the modulation type. Amplitude
modulation results in a frequency translation to the carrier frequency, while frequency
modulation results in an increase in the RF bandwidth needed. The bandwidth
requirement for digitized video, 100 MHz or more, is prohibitive without compression.
With compression, however, the bandwidth can be reduced below that required for
transmission of the analog signal. An application which has available only a limited
amount of RF spectrum, a few hundred kHz for example, will require high compression
of the video and also reduction of the frame update rate in order to maintain usable image
quality.

Reduction in data bandwidth by compression is achieved primarily from eliminating
redundancy and inefficiency in the signal. Bandwidth can also be lowered by reducing



picture quality and frame rate. The image information, contained within a standard
composite video signal, has redundancy that is removed by the compression algorithm.
The composite video signal has formatting overhead such as synchronization and color
reference, which can be transmitted more efficiently in digital form. Originally designed
over 40 years ago, these signal characteristics were chosen to simplify the consumer
receiver design at a time when each additional active circuit device was costly and analog
signal processing was used exclusively.

Combining analog video with other data, such as position or telemetry, had been
previously achieved by using sub-carrier modulation of the video, which adds extra
complexity and system cost. A digital video signal is optimum for this type of system
because it can be readily combined with other digital signals and the transceiver
modulation is entirely digital.

THE DCNS SYSTEM

The Digital Communication Network System (DCNS) is a multi-terminal system that
provides a mechanism to transmit remote data and GPS position between nodes. The
DCNS operates in the UHF band between 350 and 450 MHz using filtered frequency
shift keying (FSK) modulation. Time division duplexing (TDD) is used so transmit and
receive links operate on same frequency channel.

TDD allows remote units to communicate directly with each other. When transmit and
receive links are operated on different channels using frequency division duplexing
(FDD), remote units can only communicate with a base station. Frequency planning is
somewhat more complicated with FDD because two channels are needed, generally with
a substantial frequency difference. A separate channel for communication to remote units
would be under-utilized in many applications because most of the information flow is
from the remote units.

The basic unit is comprised of a network controller board (NCB), a transceiver, a power
amplifier, and optional GPS receiver. The controller has asynchronous serial ports for
communication with an internal GPS receiver and with other external devices.
Additionally, two general purpose slots are provided for options, such as a video
interface.

Network communication is controlled by a master unit that is in communication with one
or more remote units and relay units. A poll/response mode is available or a time division
multiple access (TDMA) structure can be employed. A PC based graphical user interface
(GUI) is used for unit setup and operation of the network from the master station site.
The GUI communicates with the DCNS unit through the host serial port at baud rates up



to 115k. NCB firmware can be reprogrammed by downloading new code through the host
port.

VIDEO CAPABILITY

The video capability is achieved by the inclusion of a video compressor board (VCB) in a
remote unit and a video expansion board (VEB) in another unit, either a master or another
remote. An NTSC or PAL color composite video signal is connected to the remote unit
though an SMA connector. A D1 serial BT656.3 digital video or S-video Y/C signal can
alternatively be provided as the input. The transmitted video signal is available at the
other end of the link in either analog or digital form. The resulting Video Communication
Network System (VCNS) retains all the basic DCNS capabilities.

The VCNS uses a wavelet based video compression engine to maintain good image
quality even at high compression ratios. Compressed data frames occupy from 10 kilobits
to 500 kilobits, depending on the user selected compression ratio. Naturally, image
quality is better at larger frame sizes but take longer to transmit. The frame update rate is
a function of the available network data capacity and the image compression ratio.

Unit position data may require only a small part of the available data bandwidth. For a
basic VCNS unit with a link data rate of 76.8 KBPS, an allocation of 40 KBPS might be
made available for video, resulting in frame rates from a few frames per second to a few
seconds per frame. A feature of the wavelet compression is preservation of a viewable
image even at this low data rate.

Data integrity is extremely important when transmitting compressed video data. A single
bit error, if occurring in the wrong place, can corrupt the entire frame and prevent
expansion of the image. The VCNS uses a cyclic redundancy code (CRC) appended to
each message packet for error detection. If an error is detected, the sending unit can
retransmit the packet to complete transmission of an error free video frame.

COMPRESSOR/EXPANDER HARDWARE

A high integration wavelet compression engine, the ADV611, is used in the VCB and the
VEB. The same device operates as either a compressor or expander. In the compression
mode, computations are needed to set compression parameters on a field by field basis.
This is done using an ADSP 2181 16-bit fixed-point digital signal processor (DSP). In the
expansion mode, only configuration registers need programming, no computations are
required.



WAVELET VIDEO COMPRESSION

The image compression algorithm is based on a wavelet transform, a mathematical
function developed and applied during the last 20 years. Two-dimensional spatial video
information is transformed to the frequency domain using wavelets as the basis function,
similar to the use of sine waves as the basis function in a Fourier transform. The
frequency domain information is computed in subbands that are then adaptively
quantized according to the way human visual perception occurs. Visual sensitivity
decreases as the spatial frequency of the image increases; thus, fewer quantization levels
are used to encode the higher frequency subbands. The lower frequency image
components are quantized with more levels and therefore are allocated more of the
bandwidth. This is the first stage of compression.

The quantized image contains sequences of consecutive zero and nonzero data. These
sequences are run length coded, reducing the data needed for transmission. A single value
represents the length of the data sequence in place of the longer sequence of constant
data. Further compression occurs from a Huffman coder, which codes sequences that are
more probable with a shorter code and less probable sequences with a longer code.

The compression is done on each independent field so no history of previous frames is
needed. If there are dropouts in the link, the image is restored and displayed at the
receiving end of the link upon completing the transmission of the next video field.

Wavelet compression has distinct advantages over other compression methods, such as
JPEG. The wavelet transformed subbands contain information across the entire image
field. JPEG image compression is done on 8x8 pixel regions, which creates undesirable
block artifacts at high compression ratios. Referring to the image examples comparing
JPEG and Wavelet compression, note the visible blocks of the JPEG image. The wavelet
compressed image has smother transitions between intensity levels. This difference is
also clearly visible in a color image.

Discrete Cosine Transform (DCT) compression used by JPEG and MPEG is significantly
more computationally demanding to compress than decompress. These approaches are
used for broadcast systems where there are numerous receivers for one transmitter, so
receiver cost is most important. In a point-to-point link, the transmitters may out number
the receivers. Hardware complexity for wavelet compression is comparable to
decompression, lowering total system cost for these applications.

Another property of wavelet compression is the parameter control available. It is possible
to control which frequency subbands are allocated more data; thus optimizing the
compression based on the particular image.



Wavelet compression is employed in the VCNS because of the unique advantages for a
low-rate data link. The functionality developed for the VCNS is equally applicable to a
high bandwidth full-motion system.

VIDEO COMPRESSOR BOARD

The VCB accepts a composite video signal in either NTSC or PAL format. A multiplexer
selects one of three composite video inputs or a single S-video Y-C input. A video
decoder performs synchronization and 8-bit digitizing of the luminance and chrominance
components. Y-Cr-Y-Cb samples are combined with embedded synchronization data
according to BT656 format. Saturation, brightness, contrast and other picture settings are
selectable through the GUI to compensate for line signal characteristics. Once set, these
values normally do not require changes for a given source. The video decoder is
programmed via an I2C (inter-integrated circuit) bus serial clock and data protocol from
the DSP. Status values from the video decoder are also read over the I2C bus.

A data selector selects the parallel BT656 data path from either the video decoder or the
D1 serial interface circuitry. The selected data stream is fed to the ADV611, which
performs the compression one field at a time. The ADV611 has access to a dedicated
4 Mbit DRAM used for manipulation of the video data and data buffering. Each video
field is analyzed and image statistics are generated then read by the DSP to compute a set
of 42 bin width values that are written back to the ADV611 for use in the compression
algorithm. The bin widths set the amount of quantization, and thus compression,
performed on the image. Each bin corresponds to a frequency subband processed by the
algorithm. A frequency band is preserved or attenuated based on the respective bin value.

The DSP computes the bin values using a combination of open and closed loop
processes, attempting to match the compressed image field size to the target field size.
The target field size is calculated to achieve the user selected video frame rate at the
specified data rate allocated to the video data. Before compressing the image, bin values
are calculated using the target field size and an estimate of compressed field size. After
compression, an error signal is generated by comparing actual compressed image size
with the target. This error drives the next bin calculation to either increase or decrease
compression. From field to field, the exact compressed field size will vary by 5-10%. The
change will be more pronounced if there is a significant scene change such as if the
source is switched.

The ADSP2181 is a high integration single chip DSP. The instruction cycle rate is 27
MHz, twice the externally supplied 13.5 MHz. It contains 16k words of program memory
and 16k words of data memory on chip. All instructions execute in a single cycle giving
the processor 27 million instructions per second (MIPS) capability at this clock rate.
Although the instruction set is optimized for digital signal processing, a rich set of bit



manipulation and input/output (IO) instructions, along with multiple sources of interrupts,
allow the processor to function as an embedded controller as well as DSP.

The 24-bit wide program memory is loaded from a slower byte-wide non-volatile flash
EPROM device, which also stores user settings. The program code can be downloaded
into the flash memory over the host interface serial port allowing field upgrades to be
performed easily. New code can be distributed on disk or by e-mail to the user's site. The
GUI is used to perform the download of the hex formatted file.

When data is available from the compression engine, an interrupt to the DSP is generated.
The DSP reads the data blocks and inspects the data for framing information. The data is
intrinsically 32-bit wide, but is read and processed 16 bits at a time. When the beginning
of a field is detected, the data is written to a frame storage first-in-first-out (FIFO) buffer.
A complex programmable logic device (CPLD) contains sequencing logic to control the
FIFO writing operation. Upon detecting the end of a field, the DSP signals the controller
that a complete field is available for transmission over the link. By counting words
written to the FIFO, total field size is tabulated for use in the compression control loop.

The controller reads data from the frame storage FIFO as 8-bit values and forms packets
with header information identifying the source and destination of the video data. An
expander located in another unit within the network recognizes the source identifier and
receives the compressed image data.

DSP code, written in assembly language, controls the operation of the VCB.
Communication with the NCB microcontroller is through a pair of 8-bit wide registers
addressable from both processors. Configuration and code download transfers use this
mechanism. The NCB has direct access to the compressed video data from the frame
storage FIFO.

VIDEO EXPANSION BOARD

The ADV611 operating in the expansion mode does not require any support except initial
programming of mode information. All other data needed to perform the expansion is
contained in the compressed image data. The VCNS controller programs the needed
registers in the ADV611. A CPLD contains logic needed for interfacing between the
VEB functions and the controller bus.

Two FIFO frame storage memories are used in reconstructing the compressed image.
One memory is available to receive a new compressed image from the controller. The
other FIFO supplies data to the ADV611 at a 60/50 Hz rate so that a flicker free viewable
image can always be displayed, even for still frames.



A standard NTSC/PAL video frame at 30/25 Hz consists of two interlaced fields updated
at a 60/50 Hz rate. At the low data rate and bandwidth utilized by the VCNS, this frame
update rate is not possible with an acceptable image quality. A few frames per second is
the highest practical rate. The VCNS compresses one field image but not the other and
duplicates the omitted field in the expansion process. This cuts in half the data
transmission requirement with barely perceptible image degradation. The expanded
image may remain static on the viewing monitor for several updates of the 60/50 Hz field
rate. If two interlaced fields were transmitted with any movement in the intervening
16/20 mS between fields, the moving object would be displayed with noticeable 30/25 Hz
dithering. A less costly solution to motion compensation is to process only one field.

After the ADV611 expands the compressed image, 8-bit BT656 data is supplied to a
video encoder that reconstructs composite and S-video Y-C signals. The same video
adjustments available to the compressor are also available to the expander to compensate
for monitor characteristics. The BT656 data is also supplied to a D1 digital interface.

VIDEO PROCESSING FEATURES

A cropping feature is available to allow the user to select a region of the image to have
enhanced quality leaving lower quality outside the region. The degree of attenuation of
contrast outside the quality box is programmable from 6 dB to 30 dB, which ranges
visually from a modest reduction to almost no contrast. By using this mode, the image
quality inside the box can be increased for a given data rate, or the frame rate can
increase. This and all programmable values may be programmed locally at a unit or over
the link from the master unit site.

NETWORK CONTROLLER BOARD

The Controller uses an 80C320 embedded 8-bit high performance processor. In addition
to the two serial ports in the processor, a serial communications controller (SCC)
provides two additional channels. One serial port communicates with the host computer;
another interfaces to the transceiver. A third port communicates with the internal GPS
receiver and a fourth is spare. A general purpose extension of the processor bus is routed
to the motherboard connector to communicate with option boards such as the VCB and
VEB. Each board is assigned a 3-bit address to locate it within the address space of the
processor. A VCB and VEB can both be installed in a single chassis if required by an
application.



TRANSCEIVER AND POWER AMPLIFIER

A 100 mW transceiver performs FSK modulation and demodulation. With a 76.8 KBPS
data rate, the 99% occupied bandwidth is 250 kHz. The RF carrier is user selectable over
a 6 MHz band factory set in the range from 350 MHz to 450 MHz.

The standard VCNS uses a 5-watt power amplifier (PA). For applications requiring more
power, the PA output can be used to drive a higher power external PA. The
transmit/receive switch control signal is available to control an external duplexer.

Other transceiver/power amplifiers can be used to operate in a different frequency band.

HOUSING

The VCNS circuit boards are contained in a sealed aluminum housing design to meet
NEMA 4 requirements. Fins support convection cooling of the unit.



DCNS/VCNS SYSTEM

VIDEO
SOURCE

Video Monitor

MASTER

GUI

Computer

GPS 
Antenna

GPS 
Antenna

GPS 
Antenna

REMOTE

RELAY

GPS 
Satellite



LINK
ANTENNA

GPS
ANTENNA

POWER AMP

TX/RX
SWITCH

TRANSCEIVER
NETWORK

CONTROLLER
BOARD

SERIAL HOST
INTERFACE

VIDEO
COMPRESSOR

BOARD

VIDEO
EXPANDER

BOARD

GPS
RECEIVER

(INSTALLED IN REMOTE UNIT)

(INSTALLED IN MASTER UNIT)

COMPOSITE VIDEO

COMPOSITE VIDEO

Y/C VIDEO

Y/C VIDEO

SERIAL
DIGITAL VIDEO

SERIAL
DIGITAL VIDEO

2
/

2
/

VCNS HOUSING

VCNS UNIT





TELEMETRY ACQUISITION BOARD
INCLUDING REED-SOLOMON FPGA DECODER

FOR SPACE APPLICATIONS

François Lassère
Centre National d’Etudes Spatiales

18 Avenue Edouard BELIN
31401 TOULOUSE Cedex 4

Max Ferréol
Centre National d’Etudes Spatiales

18 Avenue Edouard BELIN
31401 TOULOUSE Cedex 4

Jean-Pierre Rocher
Centre National d’Etudes Spatiales

18 Avenue Edouard BELIN
31401 TOULOUSE Cedex 4

ABSTRACT

In order to reduce the ground segment equipment cost for small space missions, the French
national space center (CNES) had the need to develop a CCSDS down-link interface board
for low telemetry rates (< 1.5 Mb/s).
This board performs frame synchronization and Reed-Solomon decoding.
An important part of this design was the Reed-Solomon decoder development. In order to
maintain low recurrent cost for this board, this decoder was realized in FPGA technology.
Reed-Solomon decoding function, interleaving function (from 1 to 5) and virtual fill
management are included in the same component. All set-up parameters are software
programmable via the PCI bus, data and status are also available via the PCI bus under
windows NT operating system.
This paper presents the main features of this board and an overview of the Reed-Solomon
decoder development.
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INTRODUCTION

The aim of this realization is to propose a low cost CCSDS front-end equipment for our
future ground segment developments.

To achieve this goal the design phase tried to:

− integrate the down-link interface functions in base-band telemetry, into data-processing
environments as PC compatibles or workstations using PCI (Peripheral Component
Interconnect) standard bus,

− use to the maximum electronic programmable components technologies (FPGA), less
expensive and more evolutionary than ASIC technologies.

This, in order to provide to end users, an easy to operate interface that allows them to meet
different or changing space mission requirements.

It was thus designed as an open system allowing the development of different kind of
applications, for that this telemetry interface board fulfills the obligatory basic functions
(frame synchronization) or time CPU expensive functions (Reed-Solomon decoding),
before transferring the telemetry data, via PCI bus, towards the computer which will
process the secondary treatments. The application developed today is installed on a PC
platform under Windows NT environment.
This development was made in cooperation with a small French company (ELFES
electroniques - 10 impasse Borde-Basse 31240 l’Union - France )

FUNCTIONAL REQUIREMENTS

The functional requirements of the board are as follows :

n input signals adaptation,
n frame synchronization,
n data de-randomization,
n CRC check,
n Reed-Solomon decoding,
n PCI bus interface.



 All functions are programmable via PCI bus.
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figure 1 :  Board block diagram

INPUT ADAPTATION

The input impedance is adaptable and clock phase is configurable. The input adaptation
module performs if necessary the NRZ-M to NRZ-L conversion.

FRAME SYNCHRONISER

The frame synchronization uses a classical 3 states strategy : search, verify and lock. For
each synchronized frame, the associated status are sent via PCI bus.
It is possible, either to select the automatic polarity search, either to fix this polarity in
normal or opposite mode.

DATA DE-RANDOMISER

A configuration parameter allows to select or not this function. This function is exactly the
CCSDS [ 1 ] recommended function. The de-randomization function is applied
immediately after the frame synchronization: a reference pseudo-random sequence is
applied to each bit of the transfer frame through an exclusive OR (starting with the first bit
of the transfer frame following the synchronization word).

CRC CHECK

A configuration parameter allows also to select or not this function. The generating
polynomial of this CRC is defined by CCSDS [ 1 ] standard.
This control is generally used when the R-S decoding function is not retained.



REED-SOLOMON DECODER

This function was realized in a single programmable component (FPGA from ALTERA)
which, in addition to the error correction function itself, carries out the operations of de-
interleaving at the component input and re-interleaving at the output (for depths from 1 to
5), as well as the virtual fill if the block lengths are non-standard.
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figure 2 : Component block diagram

INPUTS/OUTPUTS:

The memory zone for inputs/outputs is organized in 2 identical parts, each part being
divided into 5 pages of 255 bytes each one. This organization allows, during the
acquisition of input data, to reconstitute each block of data (code-block), by taking
interleaving into account and by gathering the block data in a memory page which will be
used as input of the R-S decoding function. Each code-block, once corrected (if
necessary), will be rewritten in its corresponding memory page.
After each frame decoding, the output frame is rebuilt starting from the different code-
blocks constituting it.
So, a half of the memory is used for acquisition of the frame presented to the circuit input,
while other half is used for the processing of the previous received frame.



DECODING FUNCTION :

The main functions necessary to the realization of Reed-Solomon decoding are:

− syndromes calculation,
− determination of the error locator polynomial and error evaluator polynomial,
− search of the roots for these polynomials, these roots are used to determine  the

error addresses and values,
− errors correction.
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figure 3 : decoding function architecture



A sequencer controls the course of calculations in each phase of the process.

Role of the various functions:

Syndromes calculation :
calculation of the 32 syndromes and counting of the null syndromes number in order to
respect the Reed-Solomon code correction capacity.

PGCD calculation :
determination of the error locator and evaluator polynomials (σ(x) and ω(x)), by means of
the algorithm known as PGCD algorithm, then calculation and storage of the σ(x) degree.

Evaluator:
Roots determination for σ(x) and ω(x) and calculation of the error values. During the
evaluation process, the roots number of the error locator polynomial is entered. This
number is compared with the degree of this polynomial (provided by the PGCD calculation
module). The block is regarded as being able to be corrected only if these two values are
identical.

Correction:
counting of the roots number, errors correction and storage of the corrected block in a 255
bytes temporary buffer.

Cases when the block is not corrected:
− the polynomial degree σ(x) is different from its roots number,
− the number of null syndromes is between 16 and 31, (it corresponds to an error byte

number superior to 16 and thus exceeds the correction code capacity),
− block without error (32 null syndromes).

After correction the values are systematically stored in a buffer. If the requirements to
authorize the correction of a code-block are met, the content of this buffer will replace the
code-block received initially in the input/output memory, in the opposite case the
correction buffer content is not used and the block initially acquired is not modified.

Sequencer:
signals generation controlling the various stages of decoding.

SET-UP :
Operating conditions definition (depth of interleaving, presence of virtual fill, decoding
function active or not), requires to program some parameters. For that, a configuration
programming byte must be applied to a specific component input (PROG). There are 2



programming addresses defined by signal CONF_ADR, according to the value of
CONF_ADR the bits significance for the configuration byte is the following one:

CONF_ADR = 0 bit 7   : 0 : RS active    1 : RS inactive

bit 2  to  bit 0 : interleaving depth value: (I-1) bits 3 to 6
are unused.

CONF_ADR = 1 bit 7  to  bit 0 : virtual fill zone size in each code-block.

Virtual fill :
When the frame length is shorter than the standard length (I x 255), during the calculation
of the redundancy bytes, each code-block size is brought back to the standard size (255
bytes) while adding null bytes at the beginning of the code-block, these bytes not being
transmitted, it is necessary to temporarily add them during the decoding process: this is the
virtual fill.
The value programmed here corresponds to the virtual fill size zone for a code-block.
This value is computed starting from the frame length, in the following way:

 (standard frame length - real frame length) / I

which can be also written:

255 - real frame length / I
Note: The use of virtual fill zones reduces the component performances since the
processing time remains the same, whereas the acquisition time is reduced.

STATUS :
A status byte is provided after the last byte of each frame at the component output. This
byte can take the following hexadecimal values:

0 : frame without error.
7F : frame including code-blocks which could not be corrected.
80 : the input clock data rate is too high compared to

 the internal processing rate of the component.
Value range between 0 and 7F: total number of corrected errors in the frame (sum of the
corrected bytes in each block composing the frame).



PERFORMANCES:
For a 255 bytes code-block, received at a given rate, one needs : 255 x 8 = 2040 cycles of
the input data clock to acquire a complete code-block.
The time needed by the decoding process of this code-block is : 8079 cycles of the internal
processing clock.
It is obvious that to have enough time to decode a block during the acquisition of another
block, one needs an internal processing clock 4 times faster than the input acquisition
clock .

We made the choice of a processing clock at 5 Mb/s, therefore the maximum rate
acceptable for telemetry at the component input will be 1.25 Mb/s.
Though this design can accept higher rates, these performances are sufficient for the
projects interested by this component today.
If, for future projects, the need for higher rates appears, it will be necessary to study the
possibilities for improvement of these performances.

Note: The treatment time for one frame includes the decoding time for each code-block
composing the frame and, at the end of decoding process, the time necessary to emit this
frame at the component output. In order to reduce the treatment time as much as possible,
the frames at the component output are emitted byte by byte at internal processing clock
rate (5 Mo/s). The frames thus appear at the component output in a discontinuous way
(each data frame being separated from the following by the correction cycle time).
Redundancy bytes are also provided at component output, so the user has the choice to use
or not these bytes (example : case of double decoding at ground level).

figure 4 : output data timing

xx xxbyte 0   byte 1 .......... byte 254 status

Clock

Data
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CONCLUSION

With this development we have today a low cost and small size interface board for
CCSDS telemetry. This board is able to satisfy the needs for a great number of our space
projects.
This approach shows in particular the interest of technologies such as programmable
electronic components even for the realization of voluminous and complex functions like
Reed-Solomon decoding.
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THE USE OF PACKETIZED TELEMETRY
IN INVERSE T1 MULTIPLEXING
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ABSTRACT

As the number of telemetry applications at sites increases, the need for a higher
bandwidth link from site-to-site grows. The use of an inverse T1 multiplexer allows the
site to utilize multiple T1 lines rather than more costly higher bandwidth lines. There are
many advantages to using a recognized packet standard, such as IRIG-107/98, over
simply routing the streams through T1 lines. One advantage is that there is a total
separation of data stream clock from T1 transmission clock, reducing synchronization
circuitry and overhead. Another advantage is that the use of packets also allows for a
smooth reconstructed clock phase on the receiving site, creating a virtually seamless
transmission of clock and data. And, finally, by using a recognized packet standard, the
inverse T1 multiplexer may easily be integrated into ranging and telemetry systems
already incorporating packetized telemetry. This paper will discuss the combination of
packets and inverse multiplexing to achieve an expandable transmission system capable
of delivering a high bandwidth data stream across multiple T1 lines.

KEYWORDS

Inverse Multiplexing, Packetized Telemetry, IRIG 107/98, CCSDS, T1, DS3

INTRODUCTION

Telemetry sites have an ever-increasing need for high bandwidth data transmission. They
need to move data, such as digital telemetry, analog, and video, from one station to
another. Along with increased data rates comes increased transmission line cost. As the
data rate approaches 1MHz, T1 lines are a logical choice. But when the data rate exceeds
a T1 rate, the next common publicly available connection is a DS3 line. Although the
45Mbps DS3 line can handle most simple telemetry applications, the cost and
maintenance of a DS3 line can quickly exceed budgets. Inverse T1 multiplexers exist to
alleviate the cost issue of moving data across a DS3 line[5]. Packetized telemetry, such as
the IRIG 107/98 standard, offers a method of data transmission already in use by the
telemetry world[4]. The combination of packetized telemetry and inverse multiplexing



provides a data transmission method with all elements familiar to those involved with
telemetry.

INVERSE MULTIPLEXING

Many sites implementing data communications are limited to a single data line. If a site
has a 64kps line, then that site may only transmit or receive data at the 64kps rate. This
does not take into account any overhead for the transmission protocol, thereby reducing
the actual data rate to less than 64kps. As the site’s data rate increases, the need for faster
communication lines becomes an issue. However, not only does the data rate increase, so
does the cost of line leasing, maintenance, and equipment. This cost increase grows
exponentially. The user and site are then restricted not only by the bandwidth of the
current line and but by the cost of upgrading to a faster line.

Inverse multiplexing is the solution to the need for higher bandwidth at a low cost.
Standard multiplexing techniques combine multiple channels into a single, higher rate
composite stream. Inverse multiplexing, in effect, does the opposite of standard
multiplexing. Rather than a single composite stream, a single stream is split into multiple,
lower rate streams. These low rate streams may then be transmitted over multiple lines.
At the opposite end, the inverse demultiplexer combines the multiple streams. The result
of this combination is a single stream at a much higher bandwidth. Figure 1 is an example
of an inverse multiplexer to transmit a high rate PCM stream over multiple T1 lines.

Figure 1 – Inverse T1 Mutiplexer Example

As the data rate to an inverse multiplexer changes, the number of T1 lines needed to
complete a system can change. T1 lines are added to the system to facilitate a rising input
rate and are removed as the input rate decreases. This addition and subtraction of T1
connections is known as dynamic bandwidth allocation. Dynamic bandwidth allocation
allows for a changing input rate without disturbing the original T1 connections. By
measuring the input rate, the system calculates the number of T1 channels needed to
carry the data. The number of connections is automatically adjusted if the system knows
the maximum number of T1 channels. By only using the minimum number of
connections required for the input rate, costs may be reduced by not having a large
number of connections for a low input rate.
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From end to end, T1 lines can take many paths. One line may travel from a ground
station through a satellite back to a ground station, while another line may travel on the
ground but through several switched networks. In the case of these two lines, the satellite
delay is relatively long compared to the ground based line. If these two connections and a
third point to point connection is used in an inverse multiplexer system, the data carried
by the point to point connection would arrive before the other two connections as shown
in Figure 2. System complexity increases because these delays must be taken into account
when reordering the data.

Figure 2 – T1 Line Delays

CCSDS AND IRIG 107/98

Packetized telemetry may be split into several basic layers, as shown in Figure 3. This
figure represents both transmission and receiving ends of a telemetry system using the
CCSDS format. In this example, four sources of PCM data are received and formatted
into source packets. Source packets are of variable length and are an even number of
octets. It is within these source packets that the application ID, for example, is defined. If
time-tagging is required, it is also included in the source packet. In order to group the
data by application, such as video and tracking data, source packets are grouped into
virtual channels. All virtual channels are multiplexed into a master channel to prepare the
data for transmission over a single physical link. Before passing to the physical channel,
the master channel data is formatted into a transfer frame. Transfer frames are fixed in
length throughout the mission and carry the channel data as well as error correction and
channel identifiers[1].

In order to simplify the CCSDS approach for use in an already complex inverse
multiplexing system, a similar approach to what is used in standard multiplexers may be
taken. When using a low number of similar rate channels, multiple virtual channels are no
longer needed. A single virtual channel combined with a single master channel
effectively reduces the amount of hardware needed to implement the packet telemetry
system[2]. As shown in Figure 4, the packetizer layer gathers source packets by means of
a data collector bus and formats the data into a transfer frame. The end user of the data
simply receives the stream, depacketizes, and sends the source packets to the appropriate
output channel[4].
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Figure 3 – IRIG 107/98 Data Layers

Figure 4 – Simplified Packet Example
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A similar standard to CCSDS that is now being used on the telemetry ranges is IRIG
107/98. The IRIG 107/98 standard was originally intended to provide an on-board flight
record standard. When used in the application of inverse T1 multiplexing, IRIG 107/98
makes no changes to the CCSDS standard of defining source packets and transfer frames.
The IRIG 107/98 standard is used in this application to show that a record standard can
be used in point-to-point communications[3].

USE OF IRIG 107/98 IN AN INVERSE T1 MULTIPLEXER

When the need for higher bandwidth data arises, common T1 lines may be used. Many
sites are connected to one or more T1 lines, each line with a 1.544Mbps rate. Rather than
stepping up to a more costly DS3 line, with a 45Mbps rate, an inverse T1 multiplexer
may be used to spread the higher rate channel over multiple T1 lines.

A T1 frame, also referred to as a DS1 frame, was originally conceived to carry 24 voice
channels. Today, each of these 24 channels is commonly used to transfer data and
channels may even be combined to transfer one channel of data. The T1 frame contains
24 eight bit channels and one frame bit(F-Bit) for a total of 193 bits per frame. T1
transmits 8000 frames per second for a composite rate of 1.544Mbps. Due to the F-Bit,
there is 8kps of overhead in T1 transmission. In this application of an inverse T1
multiplexer, we will combine all 24 channels in the T1 frame for data transmission[5].

Figure 5 – IRIG 107/98 Source Packet

By using packetized telemetry techniques, data may be carried across T1 lines in a known
format. The full IRIG 107/98 source packet for this application is shown in Figure 5. This
frame is 1916 bytes long, with the primary header 6 bytes, the secondary header 4 bytes,
and the data field being 1906 bytes. Using the standard set by IRIG 107/98, the primary
source packet header is shown in Figure 6 and the secondary header is shown in Figure 7.
For details about fields contained in both the primary and secondary sources, see
reference [1]. This paper will only discuss fields relevant to the use of IRIG 107/98 in an
inverse T1 multiplexer.
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Figure 6 – Primary Header

Within the primary header is a secondary header flag. By setting this flag to a one, the
depacketizer knows that a secondary header is present. The lower four bits of the
Application Process ID field contain the T1 channel number. Each T1 channel connected
to the inverse T1 multiplexer is numbered

Figure 7 – Secondary Header

starting from one. This channel number, in conjunction with the sequence number, allow
the data to be properly reordered at the T1 receive end.

Because the original PCM rate is embedded in the secondary header, a near-original
clock rate may be constructed. The use of a Direct Digital Synthesizer(DDS) allows for
fine tuning of the output clock. A baseline frequency is established by reading the
frequency from the secondary header. Slight adjustments are determined by buffer
positions to prevent under- or over-flow during output. Because a DDS does not change
phase when adjust frequency, a smooth clock output phase is achieved.

In order to keep the system keyed off a particular event, a Sample Interval signal is
established. The Sample Interval is used to key off events when generating source
packets. During each Sample Interval, a number of source packets are sent to the T1 Line
Interface memory.

A SYSTEM DESIGN EXAMPLE

In order to better explain the use of packetized telemetry in an inverse T1 multiplexer,
this paper will explain a typical system.

By setting up a Sample Interval to occur every 10ms, a system heartbeat is established.
This heartbeat keys the process of memory transfers and packetizing. During a Sample
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Interval, the input stream is sent through a serial to parallel converter and the data stored
in a ping-pong buffer. The other side of the ping-pong buffer contains a count of data
words per Sample Interval along with the actual data. The packetizer uses this count to
determine the number of T1 channels needed and to determine the packet size for partial
packets when there are not enough data words to fill the maximum data packet size of
1906 bytes.

Independent of the Sample Interval, the T1 Line Interface retrieves source packets from
the T1 Line Interface memory. Each source packet is inserted into the T1 frame as
unchannelized data. If a source packet does not fill a T1 frame, the T1 framer adds fill
data to the end of the source packet. The frame bit is added to the stream and the new
frame is sent out to the physical T1 line. At the T1 receiving side of the system, each T1
frame is received and the source packet extracted. This source packet is stored in one side
of a ping-pong buffer for the depacketizer to read.

Due to T1 channel delays, the depacketizer must first determine which line has the
longest delay. Once all connections have been established and T1 frames are being
received, the depacketizer polls all channels for the lowest sequence number. All
channels are then read by the depacketizer in sequential order starting with channel one
and the packet containing the sequence number determined by the line with the longest
delay.

Some fault tolerances must be established at this point in the system. Many source
packets will be lost resulting in data loss if a T1 line were to be dropped during a data
transmission. In this case, the depacketizer must determine that a channel is missing. By
adding fill data in place of the missing T1 channel, there will be data errors, but the
sequence of source packet reading will remain. Data from other channels will continue to
be depacketized because the sequencing will remain intact. An occasional source packet
loss or source packet corruption will result in bit errors but not necessarily a complete
data loss as in the last case. The depacketizer and associated processor determine errors
in the source packet length that would be the result of T1 bit errors. By forcing this length
error to a fixed value, the depacketizer only introduces bit errors rather than sequence
errors or complete data loss.

As each source packet is depacketized, the data is stored in an output buffer. This output
buffer is setup as a FIFO, with flags at empty, 50% full, and 100% full. In order to
reconstruct the output clock, the output system needs to determine the original data rate.
Each T1 channel contains source packets which contain the original clock frequency. The
output system then has multiple sample of the original rate. By a majority voting system,
the output system can setup a DDS for the correct output rate.



Using the 50% full flag from the output buffer, the output system can vary the output
frequency to keep the output buffer from under- or over-flowing. Whenever the 50% full
flag is set, the parallel to serial converter will output data until the buffer drops below
50% at which time the clock rate will decrease slightly to prevent gaps. The buffer will
then approach the 50% mark and the clock rate will return to the original rate. This
variance in clock rate will allow for a smooth output clock with only minor rate
variations.

CONCLUSION

It has been shown that the use of packetized telemetry in an inverse multiplexer has
several advantages. By utilizing the IRIG 107/98 standard and common T1 lines, high
bandwidth data transmission using DS3 lines can be avoided. The use of the secondary
header and a DDS allows for a smooth clock and data reconstuction. Data sequence is
maintained by the packetizer using the sequence number in the primary header for delay
consideration and error free data transmission. The IRIG 107/98 and CCSDS standards
are currently in use and allow for an effortless integration of a packetized inverse T1
multiplexer into telemetry systems. These standards also allow the decoupling of input bit
rate from T1 channel rate.
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ABSTRACT

The use of Global Positioning System (GPS) receivers as a source to provide Time Space
and Position Information (TSPI), and Miss Distance Indication (MDI) data in Test and
Evaluation (T&E) applications is being considered. Specifically, GPS receivers are being
evaluated to determine their usefulness as a sensor in a Sidewinder missile telemetry
system (AN/DKT-80). Initial testing has indicated that position information generated from
a GPS receiver can provide significantly better position data than a radar tracking system
when using Double Differential error correction techniques. This concept requires a GPS
reference station to be located in the general proximity of the Telemetry data-receiving
site.  Software has been developed that will compare GPS data from the airborne telemetry
system to the GPS reference station and display a real-time TSPI solution. This software
will also provide MDI information from two different airborne sources that are equipped
with GPS receivers (missile and drone). To prove out this concept, a Commercial Off the
Shelf (COTS) Commercially/Available (C/A) code GPS receiver was integrated into the
AN/DKT-80 Sidewinder telemetry system (TM). A MQM-107 drone was instrumented
with the same GPS receiver, as was a ground based reference station. A simple TM was
developed for the drone that telemeters only the GPS data. The modified AN/DKT-80
system incorporated an Inertial Measurement Unit (IMU) into the design. Post processing
software was developed that will integrate the IMU information with the GPS data so
accurate position can be generated if the GPS data was momentarily lost. A missile firing
is scheduled for the spring of 1999 to prove this concept.

KEY WORDS

Global Positioning System (GPS), Time, Space, Position Information (TSPI), Miss
Distance Indication (MDI), and missile telemetry.

OVERVIEW

A Sidewinder telemetry system is being flown that has a GPS receiver on board. The
purpose is to see how the GPS receiver performs in a small missile environment. The data



that is of interest is the Time, Space, and Position Information (TSPI) and Miss Distance
Indication (MDI). In order to get MDI between the drone and the Sidewinder, the drone
needs a GPS receiver so the data can be compared with that of the missile and the MDI
data can be calculated. The drone picked for this firing is a MQM-107.

The Sidewinder GPS telemetry system is a modified AN/DKT-80. The system works just
like an AN/DKT-80. The encryption key and frequency loading has remained the same.
The connector that mates to the guidance and control section (GCS) is also the same. The
only difference that is noticeable is the antenna. The antenna is wider than the one on a
standard AN/DKT-80. There are two antennas in the band. One is the S-band for the
telemetry and the other is tuned for the L1 GPS frequency. In terms of the measurement
list, all the parameters that were being monitored in the standard AN/DKT-80 are still
being monitored. There are some added signals. They are Pitch, Yaw and GPS receiver
data.

The drone telemetry system is a simple telemetry system which only sends the GPS
receiver data down to the ground. It replaces the radar altimeter and uses the same
housing.

The mission objectives were defined by the Joint Advance Missile Instrumentation (JAMI)
program which are to display the GPS TSPI data real time for both the missile and drone
for range safety with accuracies of less than 50 meters. The MDI between the drone and
missile are to be displayed in real time for scoring with an anticipated accuracy of 3
meters. The post processed data of TSPI and MDI may have accuracies of less than 30
centimeters. Several software packages are being used to do this processing.

A simple diagram showing all the players for this test are shown on Figure 1. Only two
satellites are shown to keep the diagram from being too busy. On the day of the test the
GPS receivers could be tracking as many as eight satellites. A GPS reference receiver is
added to the TM ground station. There are also three PC computers that are added to the
ground station. These PCs are used to compute and display the real time TSPI for the
missile and drone and the MDI between the missile and drone. How all this comes
together is explained in this paper.

The physical differences between the standard AN/DKT-80 and the Sidewinder GPS TM
are: the Frequency Select Card has the GPS interface circuitry added, the Motherboard
was modified to move the Frequency Select/GPS Card to add room for the GPS receiver,
Pitch and Yaw rate sensors were added and a BOA (A Sidewinder improvement program)
power distribution board was used to power the added rate sensors. The rate sensors were
added to provide a six degree of freedom (DOF) inertial measurement unit so post
processing of the data can be done to improve the position update rates. The GPS receiver
outputs position updates at 20 Hz



FIGURE 1.  Test set up

SIDEWINDER GPS TM

The card cage of the AN/DKT-80 was designed to hold up to five cards but uses four.
There are two signal conditioner cards, an encoder card and a Frequency select board that
is used to store the transmitter frequency in nonvolatile static random access memory
(NOVRAM). The Frequency select card has few components on it so the GPS receiver
interface circuitry was added. The interface circuitry consists of a RS-232 interface and a
universal asynchronous receiver transmitter (UART) to output the GPS data in parallel.
The GPS receiver, a G12 HDMA (High Dynamic Missile Application), plugs into the
Frequency Select/GPS interface board as a daughter card. This combination takes up two
card slots. All five slots are now used. The pre-amplifier and filter for the G12 are also
located on the Frequency Select/GPS interface card. A drawing showing the card layout is
shown on Figure 2.

The Ashtech G12 HDMA GPS receiver was chosen for this effort. There are several
reasons for this. One is the packaging. It is small enough to fit into the AN/DKT-80.
Another is that sled testing was done on the receiver[1]. The environment seen in the sled
testing is much harsher than that seen in Sidewinder. The G12 was also used in Vandal
and worked very well. The data from the Vandal shot has been very well analyzed and is
thought to give centimeter accuracy[2].
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FIGURE 2.  Modified AN/DKT-80 telemetry unit

The G12 has two RS-232 ports. Port A is used for telemetry data. Port B is brought out to
a service connector located under a hatch in the skin of the missile telemetry system and is
used to configure the GPS receiver. A holding battery is used save the receiver
configuration. A simple block diagram of how the GPS receiver was integrated into the
telemetry unit is shown on Figure 3. The RS-232 from the receiver goes to a
microcontroller that acts as a UART. The serial data is converted into a parallel word and
tagged with a valid bit where it is read by the encoder and transmitted to the ground.

The antenna is a dual band wrap-around antenna made by Haigh-Farr. The phase center of
the GPS antenna was measured and was found to be about an inch and a half aft of the
connector and on the surface of the missile. The GPS measurements are made from the
phase centers of the antennas. In order to get centimeter accuracy, the phase center needs
to be accurately known.

TELEMETRY FORMAT

The telemetry format for the AN/DKT-80 also had to change to accommodate the added
rate sensors and GPS data. The bit rate changed from 1 MB/s to 1.25 MB/s. The common
word size is 12 bits. The GPS receiver baud rate is 115.2 KBaud with 8 bit words. To
handle this rate, the GPS data word is sampled at 20 Ksamples per second. The TM word
format is shown on Figure 4. The GPS data takes up the first 8 bits. The 9th bit is a status
bit to verify the GPS data word is a new valid word. This is needed because at 20
KSamples per second the data is oversampled and a word will be repeated. Also the data
is asynchronous and there is dead time.  This bit is cleared once that word has been sent.
The next two bits are unused. The last bit is a timing bit. This is the 1 pulse per second



output from the GPS receiver. The rising edge indicates when the GPS time has been
incremented by a second. This pulse is accurate to about 40 microseconds. The pulse is
needed to be able to correlate the GPS data and the IMU data in post processing.

FIGURE 3.  Sidewinder GPS TM block diagram
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MISSILE GROUND STATION

The firing is scheduled to be done at Tyndall AFB. The missile ground station equipment
is shown in Figure 5. The Decom system used at Tyndall is a Loral ADS-550. The main
difference in the ground station set-up between a standard AN/DKT-80 and a modified
GPS AN/DKT-80 is the need for a parallel to serial box to convert the GPS data back into
the RS-232 signal at 115.2 KBaud. The box reverses the process that is done in the
missile. This box checks to see if the valid bit is set. If it is set, then it ships it through the
UART and is converted back into the RS-232 format that the GPS receiver originally sent.
The computer, tied to this box, thinks it is tied directly to the GPS receiver. This was
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necessary to be able to use COTS software to display the GPS data in real time. The GPS
reference receiver is also tied into this computer so it can do the double difference GPS
correction, display and archive the missile TSPI data.
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FIGURE 5.  Missile ground station block diagram

DRONE GPS TELEMETRY

The GPS telemetry system for the drone is housed in the case of the Radar Altimeter. The
drone will not have to be rewired to accommodate the GPS TM. To turn on the GPS TM,
the switch on the control panel for the altimeter activates the TM.

The GPS receiver is the same as that used in the missile, an Ashtech G12 HDMA receiver.
The receiver outputs the raw code and carrier phase information through a RS-232
communication port at 115.2K baud. The RS-232 data is converted it to Non Return to
Zero-Level (NRZ-L) data and then randomized with an IRIG 106-96 approved 15 bit
randomizer. This data goes through a 3-pole Bessel pre-mod filter set at .7 times the bit
rate and deviates the transmitter with a peak-to-peak deviation of .7 times the bit rate.

The Antenna will be located in the nose of the drone. A dual band 5 inch wrap-around
antenna is used. There is an L-band antenna for the GPS receiver and an S-band antenna
for the telemetry transmitter. This antenna was designed and built at NAWCWD. It is
similar in size to the Haigh-Farr antenna. The antenna is secured in the nose section of the
drone by wrapping it around a Styrofoam tube approximately 5 inches in diameter and 12



inches in length. The aluminum foil will be wrapped around the Styrofoam tube helps to
provide a ground plane for the antenna. This assembly is then place into the drone nose
cone where additional foam is added to fill any voids and to provide a cushion for the
drone to land on during recovery. The signals from the GPS satellites are very weak and
the receiver needs a pre-amplifier. There is the pre-amplifier for the GPS receiver located
in the nose and provides 25 dB of gain. Again the phase center of this antenna had to be
measured and was found to be about 2 inches aft of the antenna and on the surface of the 5
inch diameter mounting tube. The drone configuration is shown on Figure 6.

Port B of the GPS receiver is also brought out to the nose cone. This provides access to
the receiver when the drone is assembled and allows the receiver to be configured and
checked out prior to flight.

To Control Panel

Drone GPS TM 

(Radar Altimeter)

Dual-Band Antenna

Bulkhead RF Connectors

FIGURE 6.  Drone GPS layout

DRONE GPS GROUND STATION

The ground station requirements to support the Drone GPS TM is rather minimal. Figure 2
is a block diagram of the ground station set-up. Tyndall will provide a receiver, a tape
recorder and a bit sync. The bit sync will derandomize the data stream and create a NRZ-L
data stream and 0° clock. The data stream and clock are fed into a box provided by China
Lake to convert the NRZ-L data to RS-232. This data is then fed into a PC, along with the
reference receiver where the data will be processed, displayed and archived. This will give
the real-time TSPI display for the drone.
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FIGURE 7.  Block diagram for the drone GPS ground station

MISS DISTANCE INDICATION (MDI)

The setup for MDI between the missile and drone is shown on Figure 8. The block
diagram is a continuation of Figures 5 & 7. From the two respective boxes, the RS-232
data streams are brought into a PC where one of the two streams is treated as the reference
receiver. The double difference correction is done on these data streams exactly as it is
done for the missile and drone TSPI. This computer then displays, and archives the MDI
data.

Computer

Missile GND Station

UART

NRZ-L
TO

RS-232

Drone GND Station

FIGURE 8.  MDI set up



SOFTWARE

There are several different software packages that will be used to process the data. There
is one for real time processing and a couple of others that will be used to post process the
data.

Waypoint is the software that is used for real time processing[3]. The Missile and drone
will be outputting pseudorange, carrier phase and doppler information. The receiver will
not be outputting its position data. The position data is calculated differentially between
the ground station and the missile or drone. This will provide real time TSPI data at 20 Hz
for the missile and drone. The miss distance between the missile and drone is done by
doing the differential correction between the drone and missile with one used as a moving
baseline[4]. This data could be converted to the correct data protocol and sent to the range
control center to be displayed in real time as an Independent Tracking Aid (ITA). This
could be very useful for the range safety. This integration will not be done at this time but
looks as though it will not be difficult to implement.

For post processing there will be two packages used but other software packages may be
used later. The Multi-sensor Optimal Smoother Estimating Software (MOSES) is used at
Edwards AFB[5]. MOSES takes the GPS data and the IMU data and couples the data
together. This will give much higher position update rates for the missile. This should also
improve the MDI calculations between the missile and drone. The other package is
WADGPS done by the NSWC at Dahlgren[2]. This package was used on the Vandal shot
and came up with some very good results. Vandal also uses the G12 GPS receiver.

CONCLUSION

This demonstration project, which is a joint effort between the Air Force and Navy, shows
promise that GPS receivers can be used as a sensor in high dynamic missiles and other
T&E applications. As an instrument or sensor added to the telemetry, they can provide
centimeter accuracy for TSPI. Since GPS is more accurate than radar, this will reduce the
need for radar tracking and will allow testing to the done at remote sites.
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A GPS RECEIVER/TRANSMITTER UNIT FOR TRACKING
LAUNCH VEHICLES
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ABSTRACT

Launch Vehicle tracking is indispensable due to the fact that wayward vehicles must be
destroyed lest they cause loss of life and/or damage to property. Launch Vehicle tracking
data is also useful in assessing vehicle performance and mission success.

Cincinnati Electronics (CE) has developed a Global Positioning Satellite (GPS)
Receiver/Transmitter Unit (RTU), specifically for use with launch vehicles. The CE GPS
RTU was flown as an experiment on the Missile Technology Demonstration (MTD)
flight at White Sands Missile Range (WSMR). This paper provides an overview of CE’s
GPS RTU and provides the results of CE’s GPS RTU MTD-3 flight performance.
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INTRODUCTION

Presently 12 C-Band tracking radars support the U.S. Eastern and Western ranges. Due to
a variety of factors, including aging equipment, labor intensive operations, maintenance
costs, and reliability concerns, the U.S. Air Force is exploring new tracking system
architectures for the Eastern and Western Ranges. A GPS based system appears to be an
excellent candidate architecture to replace the existing C-Band radar tracking system.

The GPS system consists of 24 satellites that transmit precise position location, speed,
and time information to GPS receivers. Launch Vehicles equipped with GPS receivers
would allow the vehicles to transmit their position location and speed back to the range.
Potential benefits of this approach include lower launch costs and increased reliability
after making the initial investment in conversion costs.



HARDWARE CONFIGURATION

A system block diagram of CE’s GPS RTU as flown on MTD-3 is provided in Figure 1.
CE’s GPS RTU is composed of two primary sections: a GPS receiver and an S-Band
Transmitter. The CE GPS RTU will track a satellite as long as the C/N0 is greater than 30
dB-Hz. Below this threshold, the probability of cross correlation becomes unacceptable
and the SV signal will not be used. The CE GPS RTU was located inside the interstage
section of the MTD-3 rocket booster. The L1-Band antenna configuration included two
patch antennas located 180° apart on the motor adapter. The motor adapter diameter was
approximately 52.5 inches. The antenna outputs were cabled to two LNAs with 7 dB gain
and then coupled together prior to being input to the CE GPS RTU. LNAs were used to
overcome cable and coupler losses. CE’s GPS RTU was the only experiment to use two
patch antennas.

CE GPS RTU

L1-Band
Patch Antenna

L1-Band
Patch Antenna

LNA

LNA

90º

0º0º

S-Band
Combiner

S-Band
Antenna

S-Band
AntennaOther S-Band

Sources

L1 Antennas
Mounted on
opposite sides
of Missile

180º

+28 VDC

L-Band
Coupler

Figure 1  GPS Receiver/Transmitter System Block Diagram

MISSILE TECHNOLOGY DEMONSTRATION

On Thursday, September 24, 1998, the MTD-3 rocket carried out a high-precision launch
for the U.S. Air Force and U.S. Army at White Sands Missile Range, New Mexico. The
MTD-3 launch was the third in a series of high-precision suborbital technology
demonstrations. MTD-3 lifted off at 6:50 a.m. MDT from the White Sands Missile
Range. The vehicle reached an apogee of around 180 km and traveled approximately
113 km downrange. The MTD-3 vehicle was comprised of a single-stage Minuteman II
SR-19 rocket motor which carried a modified Pershing II Medium Range Ballistic
Missile reentry vehicle. Suborbital rockets like MTD-3 are used by various groups on a
variety of high-altitude missions including missile testing, demonstrating new
space/launch vehicle related technologies, and carrying out scientific research above the
earth’s atmosphere.



The MTD-3 flight included 65 seconds of powered flight, RV separation at 67 seconds
and the booster tumbled for an additional 367 seconds before impact for a total flight
time of 434 seconds. The tumble phase of the experiment was intended to represent a
launch vehicle becoming unstable. The tumble included a 3.6 rpm rotation and the
booster was wobbling in a cone shape.

RESULTS

Telemetry was received from the CE GPS RTU for 430 seconds of flight. During the
entire flight, the CE GPS RTU remained in navigation mode and transmitted continuous
position, velocity and satellite information to the ground station. Flight statistics as
measured by the CE GPS RTU are given as follows:

• Maximum velocity achieved during boost phase was 1692 m/s, at 64.4 seconds.
• Maximum velocity achieved during tumble phase was 1694 m/s, at 422.0 seconds.
• Maximum altitude achieved was 189010 meters, at 241.6 seconds.

Throughout the boost phase of the launch, there were eight satellites in view and the CE
GPS RTU maintained lock on all eight from launch through RV separation. Table 1
shows the average received C/N0 of the eight satellites tracked during the boost phase. As
can be seen in Table 1, the average C/N0 through out the boost phase has a minimum of
15 dB of margin over the requisite 30 dB-Hz.

Table 1  MTD-3 Boost Phase Satellite Carrier-to-Noise Summary (0 to 70 Sec.)

SV Number 5 6 10 13 17 24 26 30
Average C/N0 (dB-Hz) 52.41 48.70 46.44 47.54 45.97 48.61 50.62 50.44
1 sigma C/N0 (dB-Hz) 0.73 2.10 3.77 2.44 2.51 1.81 0.64 2.19
Minimum C/N0 (dB-Hz) 51 44 39 38 37 45 49 45

The boost phase of the flight was complete at RV separation (67 seconds) and the booster
section containing the CE GPS RTU began to tumble as it fell back to earth. During the
tumble phase, the CE GPS RTU maintained lock on 7 to 8 satellites until impact. In fact,
eight satellites were tracked for 421 seconds out of 430 seconds of the total experiment
data. As shown in table 2, the average C/N0 received during the tumble phase was not
affected by the booster unstable dynamics. Table 3 shows the overall flight C/N0.

Table 2  MTD-3 Tumble Phase Satellite Carrier-to-Noise Summary (70 to 430 Sec.)

SV Number 5 6 10 13 17 24 26 30
Average C/N0 (dB-Hz) 49.27 49.48 50.09 47.83 48.06 49.45 47.10 51.03
1 sigma C/N0 (dB-Hz) 2.39 2.83 2.22 3.14 2.23 2.46 3.08 2.23
Minimum C/N0 (dB-Hz) 42 37 45 38 40 42 35 38



Table 3  MTD-3 Overall Launch Satellite Carrier-to-Noise Summary (0 to 430 Sec.)

SV Number 5 6 10 13 17 24 26 30
Average C/N0 (dB-Hz) 49.92 49.31 49.33 47.77 47.61 49.27 47.85 50.91
1 sigma C/N0 (dB-Hz) 2.50 2.71 3.01 3.01 2.44 2.36 3.11 2.23
Minimum C/N0 (dB-Hz) 42 37 39 38 37 42 35 38

Plots of the position and velocity error are provided in Figures 2 through 7.

Figure 2  Latitude Error vs. Time



Figure 3  Longitude Error vs. Time

Figure 4  Altitude Error vs. Time



Figure 5  East Velocity Error vs. Time

Figure 6  North Velocity Error vs. Time



Figure 7  Vertical Velocity Error vs. Time

CONCLUSION

Analysis of the number of satellites tracked and carrier-to-noise (C/N0) levels received
indicate the two L1-Band patch antenna implementation provides outstanding Space
Vehicle (SV) coverage with more than adequate signal level to maintain tracking through
out the launch.
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ABSTRACT

The GPS/INS equipment is used at the Air Force Flight Test Center (AFFTC) to collect
time space position information (TSPI) during testing. The GPS-based test
instrumentation is lagging behind available commercial technologies. Advancing
technologies for test use requires investigation of affordable commercial equipment. To
enable technology insertion for state of the art testing, there is a need for more robust,
flexible, reliable, modular, affordable low cost TSPI systems capable of operating in all
flight environments. Modular (plug-and-play) hardware and software, quick and easy to
re-configure, are required for supporting various test platforms from fighter aircraft to
cargo size aircraft. Flight testing dynamics are such that, GPS-only systems tend to lose
data during critical maneuvers. To minimize this data loss, inertial measurement systems
coupled with GPS sensors are used in most sophisticated range instrumentation packages.
However, these packages have required fairly expensive inertial units, are usually very
large and not very flexible in terms of quick and easy reconfiguration to meet the unique
needs of AFFTC’s test customers. WADDAN SYSTEMS has begun to address this
problem with a modular design concept, which incorporates their high-performance
navigation quality inertial measurement unit, but with costs comparative to that of lower-
end performance inertial units. This paper describes WADDAN’s concept and the
components that make up MAGI; and addresses some of the preliminary testing and near-
term proposed activities. In general, the system will provide GPS, inertial and discrete
MIL-STD 1553, RS-232/422 and video data from the participant. The MAGI will be
structured around the Compact personal computer interface (PCI) backplane bus with on-
board recording and processing and will include real-time command and control through
a UHF data link.



KEY WORDS

GPS/INS, CompactPCI, MEMS, Inertial Sensors, IMU, Gyro, Accelerometer, Silicon
Sensors

INTRODUCTION

Currently the Air Force Flight Test Center (AFFTC) employs time space position and
information (TSPI) range instruments that are housed in PODs (i.e., AIM 9 housings) or
strapped to plates (i.e., box enclosures). A typical system consists of discrete assemblies
of AC/DC power supply, GPS receiver and antenna, inertial reference or inertial
measurement unit’s (IRU/IMU), data link transceiver, range encryption module (REM),
intelligent flash solid-state recorder (IFSSR), advanced digital interface unit (ADIU),
isolation box, etc. These TSPI systems that support dynamic testing have found tightly
coupled GPS and inertial systems work best. The performance and cost driver of these
systems is the inertial unit’s. Generally, there are standard configurations with frozen
designs. Updates and reconfigurations are difficult, as insertion of improved and
advancing technologies can not be done without a major redesign effort. Although the
computer system technology in the commercial arena is advancing very rapidly, the same
is not true with the technology employed in the TSPI systems. Hence, there is a need for
a robust, flexible, reliable, modular, low cost TSPI system capable of operating in a low-
to-high dynamic flight environment. The system should have plug-and-play modular
hardware and software, in order to quickly reconfigure among different airframes. It
should be able to mount in internal equipment bays of fighter, trainer, and cargo size
military aircraft.

WADDAN SYSTEMS has begun the development of a modular affordable GPS/INS
(MAGI) as shown in Figure 1. After comparing various commercial-off-the-shelf
(COTS) component technologies, a compact PCI-based system was conceived. It utilizes
a backplane, which interfaces with all the system modules. The heart of the system
operation and control is the CPU board, but performance and cost drive the inertial unit.
Currently a board populated by a Pentium class processor with 128 MB RAM, 512 KB
cache, video, keyboard, mouse, serial and parallel ports, interface connectors for
Ethernet, universal serial board (USB) and FireWire. Other modules that can be plugged
into the backplane include a GPS board, a solid-state memory board, a data acquisition
board, data link board and an inertial measurement unit (IMU) board. As per compact
PCI specifications, all these modules and the system CPU module are plug-and-play
compatible.

Again, the performance and cost driver of MAGI is its IMU. The IMU performance and
cost are directly proportional to fabrication and manufacturing processes and techniques.
An inertial sensor, AXLGYRO, is a low cost IMU module for MAGI. It is a silicon
device consisting of a pendulous accelerometer and a tuned fluttering gyro built together



on a single chip. Three fabrication iterations have been completed to iron out
manufacturing process problems. These devices have been tested for functionality. A
Kalman filtering technique was developed for real-time integration of the GPS/INS data.
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FIGURE 1:  MAGI Conceptual Architecture

The production goals for the system conceived are listed in Table I.

TABLE I:  MAGI PRODUCTION GOALS

Size (mm x mm x mm) 125x125x200

Power (watts) 30

IMU Cost per unit (K$)
(Gyro:  1 °/hr,  Accel: 300 µG) 2

Cost per system (K$) 10

OVERVIEW OF MAGI

The system architecture for MAGI is based upon the compact PCI bus structure that
provides a high speed bus with plug-and-play capability in hardware as well as software.
The bus is designed for surviving the harsh industrial environment. All modular boards
used in MAGI have a set of 256 registers containing information on the board identity,
and programmable parameters such as address maps, or interrupt types and levels. The
operating system auto-detects a board in the system and configures it without the need of
jumpers or switches. This allows MAGI to be auto-reconfigurable with any set of



modular boards employed in the system for a desired test scenario. The plug-and-play
capabilities of MAGI are summarized in Table II.

TABLE II:  MAGI PLUG-AND-PLAY CAPABILITIES
TECHNOLOGY

UPGRADE/REPLACEMENT
HARDWARE

MOD
SOFTWARE

MOD
Backplane Chassis None

CPU Board (Pentium/PowerPC/Alpha) None None

GPS Board None Board Driver and GPS/IMU Kalman
Filter Application

Solid-State Memory Board None None

Data Acquisition Board None Board Driver and Data Acquisition
Application

RF  Data Link Board None Board Driver and Transceiver
Application

IMU Module None Board Driver and GPS/IMU Kalman
Filter Application

Operating System None Board Drivers

Dedicated MAGI
Software Application

None None

A configuration of MAGI is shown in Figure 2. The system consists of the eight
modules shown vertically, each locked in place. The leftmost board is the system CPU
board so it has to be present at all times like the motherboard in a PC. The other seven
slots are populated with peripheral boards, which may or may not be plugged in. The
system is flexible enough so that these modular boards could be plugged in any order;
however, at this stage of development the first slot on the left side in the illustration is
reserved for the CPU board, and the last slot to the right is dedicated to the IMU board.
The latter is done to accommodate the different sizes of the IMU sensor blocks without
interfering with any adjoining board.

The second board from the left is a GPS receiver. Depending upon the hardware and
software designs associated with the GPS board, the time tagged raw data could be stored
in the memory module via the CPU or directly with direct memory access (DMA). The
data could also be transmitted to a ground station. Additionally, the raw data could be
integrated with the IMU data to yield a real-time integrated TSPI solution. The third
board on the backplane is flash memory to store the data collected and processed during
the flight. The fourth module is a data link transceiver that could transmit or receive data
to or from ground stations during the test flight. The fifth module is a data acquisition
board to collect data from various analog/digital sensors such as temperature probes,
strain gages, shock/vibration accelerometers, humidity sensors, ice detectors, radiation
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Figure 2:   MAGI System Concept

sensors, etc. The sixth and seventh slots can accommodate either an interface board for
1553 bus or a video frame grabber attached to video cameras or bus bridge board. The
latter is employed when the system needs to be expanded to include more boards housed
in a different chassis. The last board at the end is an IMU board with a triad of gyros and
accelerometers along with their support electronics for sampling these inertial sensors at a
given rate.

IMU

Out of all the peripheral boards this is the only one which is not yet a COTS component.
WADDAN SYSTEMS has begun the development of an IMU board meeting the
compact PCI specifications. The board layout along with the sensor block is illustrated in
Figure 3. An orthogonal triad of the AXLGYRO sensor forms the sensor block. The
sensor is an integrated silicon device with a pendulous accelerometer and dithering gyro
built together on the same chip. Although the initial planning calls for the sensor block to
be assembled on the IMU board, it might be necessary to move it off the board to
minimize vibration-induced problems. Therefore, as a contingency, the last slot of the
backplane is reserved for the IMU board so that the sensor block can be mounted on a
ruggedized chassis wall to minimize the shock and vibration related errors.



In essence, the AXLGYRO chip replaces a traditional accelerometer and a gyro having
input axes parallel to each other. Both the accelerometer and the gyro are closed loop
devices with a pickoff and an electrostatic forcer or torquer. The forcing action is
controlled by a pulse width modulated (PWM) approach that produces a pseudo digital
output.

When the device is strapped to a body, the outer frames of both the devices move along
with the body, but the sensing element in each due to its inertia tends to stay where it is,
thus, creating a relative position differential with respect to its frame. This position
differential is determined by the change in the pickoff signal. The PWM servo
electrostatically forces the sensing element to a position such that its relative position
differential vanishes by attaining the pickoff signal level corresponding to the null
position. The effort required to achieve this null positioning is proportional to the
acceleration or the rate being sensed.

These AXLGYROs are fabricated using mature technologies that WADDAN SYSTEMS
has developed over the last decade. At the present stage of development, the AXLGYRO
servo electronics are off-chip ICs. A photo of this AXLGYRO is shown in Figure 4. The
sensing element and its surrounding structure are all machined in <100> bulk silicon,
which is sandwiched between Pyrex glass plates with forcing electrodes. The entire
device measures approximately 12x20x1.8 mm3. The sensitive axes of both the devices
are normal to the wafer or the photo. The pickoffs in the device consist of differential
parallel plate capacitors. All restoring torques are applied using differential
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Figure 3:  WADDAN SYSTEMS’ Compact PCI IMU Board Layout
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electrostatic forces. Because of the high aspect ratio structures and the hard stops utilized
in the design, the sensors can be very accurate, and yet capable of surviving harsh
environments.

FIGURE 4:  A Packaging Scheme for AXLGYRO

FIGURE 5:  Three Plates Forming the
Accelerometer

FIGURE 6: Three Plates Forming the
Gyro

A three-dimensional model of the accelerometer is shown in Figure 5. It consists of
two thin hinges that provide the pendulous proofmass with a rotational degree of freedom
about an axis normal to their length. Most of the
mass is concentrated away from the hinges in the
rectangular plate structure. In turn, this entire
structure is supported by an electrically isolated
island. The silicon plate is sandwiched between
two glass plates with metalized electrodes facing
the silicon. The proof mass also has electrodes
integrally fabricated in it that face the glass
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electrodes. The two pairs of smaller electrodes farthest from the hinge serve as a
differential pickoff, and two larger pairs provide the electrostatic forces for rebalancing
the proofmass to its null position. If the servo applies the electrostatic force in such a way
that the mass m is forced back to its null position, then the inertial force equals the
electrostatic force as shown in the adjoining box.

A three-dimensional model of the gyro is shown in Figure 6. The sensing element is
fabricated in bulk silicon and is sandwiched between two glass plates. The glass plates
have gold plated electrodes for pickoff and forcing action. The sensing element of the
gyro consists of a square flutter inertia supported by a mechanical structure consisting of
two orthogonal gimbals made out of very thin silicon structures. The gimbal structure
supported by an electrically isolated pedestal provides the flutter with 2 degrees of
limited freedom about two in-plane axes perpendicular to each other.

This gyro could be considered an AC analog of the classical spinning wheel gyro. Instead
of having a spin axis, it has a dither axis, about which the angular velocity of the flutter is
precisely modulated. Thus, instead of a constant angular momentum, one deals with a
modulated angular momentum of a constant amplitude at a known frequency. The input
axis (IA) of the device is normal to the plane of the flutter. When the sensor is exposed to
a DC angular rate along the input axis, it introduces a change in the angular momentum
proportional to the applied rate about an axis normal to both the applied rate and the
angular momentum vectors, i.e., the output axis. This change in the angular momentum
vector is actually an angular acceleration about the output axis; that produces an inertial
torque acting on the flutter. Since the angular momentum is modulating, this inertial
torque is also modulating at the same frequency.

This causes torsional oscillations in
the flutter about the output axis. In the
close loop mechanization, an alternating
rebalance torque is applied to the flutter
through its forcer electrodes to drive it
back to its rotationally null position (with
vanishing rotations) about the output axis.
The differential amplitude of the rebalance
torque necessary to achieve this nulling is
directly proportional to the angular rate
input.

If the applied rebalancing voltage, ),cos(0 tvv Dff ω=  is such that the rotor is driven

back to its null, then the relationship in shown in the adjoining box can be obtained by
equating the gyroscopic torque with the rebalancing torque.

In the preceding equation, the term, [ ]θω dxDx

ddV

KkJ

vK

++− 22
0 , actually represents the

uncoupled dither amplitude, θ0 , which is a constant based upon the structural resonant



characteristics of the gimbal flexure. Thus, the amplitude of the balancing voltage, 0fv , is

a direct measure of the angular rate, ΩZ .
The functionality of the AXLGYRO was tested using one of the devices from

Batch # 2. A fine wire was bonded to each one of the device pads using a conductive
epoxy. Next, the device was cemented on a 24 pin DIP socket. The free ends of the wires
connected to the device were soldered to the pin heads of the DIP socket. A photo of the
device used in the tests is shown in Figure 7.

FIGURE 7:  Photo of a Device Used in Functionality Tests

Three different cross-sections of the device with planes perpendicular to the wafer are
shown in Figure 8. The cross-section BB shows the gyro flutter supported by a hub in the
center about which the flutter can oscillate. Four pickoffs are located at the outside corner
tips of the flutter, two on the top and two on the bottom side. Two forcers are located on
the either side in between the pickoff and the gimbal structure. When the flutter
oscillates, the pickoffs that are diagonally across experience similar effects, either
increasing or decreasing capacitance. The pickoffs. top pickoffs (TPO) and bottom
pickoffs (BPO), that are diagonally across are shorted together. When the capacitance of
the one diagonal pair of pickoffs (represented by TPO) increases, then that of the other
diagonal pair (represented by BPO) decreases. The differential value of the TPO and
BPO signals yields the net pickoff signals used by the servo to generate appropriate
voltages at the forcer electrodes for rebalancing. Again, since the forcer pair located
diagonally across the flutter is required to develop similar forcing actions, the pair is
shorted together.

The cross-section AA shows a view identical to that of cross-section BB with equal
number of pickoffs and forcers. However, the forcers shown in this view are employed to



impart a constant sinusoidal angular momentum to the flutter. It should also be noted, that
in this case, also the forcers providing similar actions are shorted together.

FIGURE 8: AXLGYRO Sensing Element Cross-Sections with Servo Loops

The forcers shown in cross-section AA were connected to a function generator set
at 100 Hz for sine wave output. This excitation imparted the sinusoidal motion to the
flutter about an axis lying in the plane of the wafer and perpendicular to cross-section
AA. This axis is referred to as the dither axis of the gyro. The rebalancing servo
electronics was hooked up as shown in cross-section BB. (The rebalancing action takes
place about the output axis). The net differential pickoff signal and the voltage required
for forcing were monitored by an oscilloscope. The pickoff signal was found to be a low
amplitude sinusoidal signal lagging approximately 90 degrees with respect to dither drive
signal. It compared well with the theory, which predicted a 90-degree phase lag with no
mechanical damping in the device. The device actually has some desirable damping due
to the dry nitrogen trapped inside during the glass bonding operation. Next the device
was subjected to an angular rate pulse about the input axis. The forcer signal was
observed to follow the rise and fall of the pulse input.

The cross-section CC in the figure shows a view through the accelerometer
proofmass. In this case, there are two pickoffs located at the free end of the proofmass.
When the proofmass moves out of its null position, the capacitance on the side with
smaller gap (e.g., TPO) increases, and that on the other side (BPO) decreases. A
differential signal between TPO and BPO yields the net pickoff signal used by the servo
to generate the required forcing action. Nominally, under zero acceleration input, the
servo generates equal but opposite forces TF and BF on the forcers, but as soon as a non-
zero pickoff signal is provided, the servo makes the differential force between top force
(TF) and bottom force (BF) such that the pickoff signal becomes vanishingly small. The
accelerometer was connected to the servo electronics as shown in FIGURE 8. In open
loop, when the forcing voltage was changed from 1 extreme to another, the pickoff signal

BFTF

TPO BPO

SERVO

+ -

EC

INPUT AXIS

P
E

N
D

U
LO

U
S

 
A

X
IS

Cross Section CC

SERVO

TPO + BPO-

BFTF

EC

Cross Section AA

Cross Section BB

TPO2

BPO2

TF2

BF2

TF4

BF4

TPO4

BPO4



was found to follow the change. After nulling the device in the zero g position, the device
was turned approximately to positive 1 g position, and the value of the forcer output was
observed. Then the device was turned approximately to -1 g position, and again the value
of the forcer voltage was observed. The average change between the extreme g positions
was found to be 0.70 volts to -0.85 volts, which roughly indicates a scale factor of 0.77
volts/g and a bias offset.

RAW AND PROCESSED DATA

The raw data collected from various sensors (GPS, IMU, data acquisition from
thermisters, strain gages, ice sensors, video signals, etc.) can be stored either in the
MAGI memory and/or transmitted to a ground station and/or processed onboard.

STATUS

Currently a development system has been put together using COTS components. The
system consists of a four-slot backplane mounted in a cPCI chassis with a 60-watt power
supply. The CPU board has a 166 MHz Pentium processor, with 64 MB RAM, 512 KB
cache; video, keyboard, mouse, serial and parallel ports, interface connectors for
Ethernet, USB and FireWire. The second and third slots are occupied by two dual
PCMCIA Type II slot adapter boards. Thus, there are four Type II PCMCIA slots are
available. They allow the use of a flash memory card, a GPS card, a data acquisition card,
and 1553 bus interface. The fourth slot of the backplane is reserved for the IMU module.
Initially, the IMU module will be assembled on a wire wrap board with a built in cPCI
interface.

Three iterations of the AXLGYRO processing have been completed. A device screening
fixture is being fabricated so that the functionality tests could be performed on as-cut
devices without the need for any bonding wires. The devices that pass the functionality
tests will be packaged.  A packaging trade-off study is underway using three different
types of 24-pin DIP sockets. A servo trade-off analysis is underway to select and partition
the servo electronics for making a universal ASIC servo chip for WADDAN SYSTEMS
sensors.

CONCLUDING REMARKS

The future effort related to MAGI’s development will concentrate on non-COTS
modules. A chassis will be designed to meet the size constraints, and to locate the system
connectors and wire harnesses. A power-conditioning module will be designed to
accommodate different operational scenarios, e.g., power from the air vehicle during the
flight tests, or power from an AC outlet during ground operations.



To conserve the memory resources, a small footprint operating system will be
developed so that it can efficiently perform the following necessary tasks during the
system boot up:

• Reorder the BUS and based upon device table reallocate resources
- DMA
- IRQs
- I/O, etc.

• Memory Management
• Device Drivers/Device Drivers to be loaded on the fly
• Partition Tables
• User Process Initialization
• Access Control
• Applications Loading
• Process Scheduling

The predicted high resolution of the gyro assumes that the two orthogonal gimbal
resonant frequencies will match within ±5 Hz. Initially, this is planned to be achieved by
accurate photolithography during the gimbal machining step, and screening the devices
by tests to meet the above frequency matching criterion. However, if this is not sufficient,
a dynamic laser-tuning step will be introduced to actively trim the gyro structure to meet
the frequency-matching requirement.

After packaging, the current version of the AXLGYROs will be mounted as a triad
on an appropriate IMU board and evaluated for possible performance degradation. If this
arrangement of the IMU module causes excessive noise and performance degradation due
to vibration and shock, then the sensor block can be mounted off-the-board on a stiffened
section of the chassis wall.

A realistic but simple bench mark test will be devised to characterize the system. A
van test will be conducted to determine the effect of ground transportation on the system
performance. The Kalman filter mechanization integrating the GPS/INS solutions, if
necessary, will be fine-tuned using actual data collected during testing in a mobile van.

Other possible options include the development of a C-Band transponder itself or
its interface as a module for MAGI. A single chip integrated inertial measurement device
(IIMD) can be developed for future IMU modules.

In this paper, we presents our work in development of a unique electro-optic hybrid
rotary joint for current ground-based electro-optic tracking system applications. By
integrating a unique on-axis fiber optical rotary joint with a specially designed two-layer
concentric electrical slip ring structure, a comprehensive EOHRJ will be produced to
replace existing wrap-cable RTF structure in the current tracker systems. It is expected
that, with the EOHRJ equipped, future tracker system will be able to realize rotating-to-
fixed signal transmission for all types of signals channels, including electrical power,



ground, control, and feedback signals, as well as high speed video, audio, and data
signals.

Besides the tracker system application, the developed EOHRJ technology will result in a
generic electrical and optical slip ring architecture, on which a number of structural
alternatives can be developed to numerous other military and commercial applications
involving the transmission of large amounts of data and signals to and from moving
platforms. Potential applications include robotics (used to fabricate automobiles and
aircraft); surveillance systems (used for monitoring aircraft and automobile traffic);
instrumentation and observation systems located on rotating platforms (such as turbines
and jet engines); multi-spectral vision systems located on automobiles and aircraft; and
flight data recorders.



KEY TECHNOLOGIES IN DEVISING AUTONOMOUS VEHICLE
LOCATION AND NAVIGATION SYSTEM

Peng Fei Zheng Pingfang Zhang Qishan Liu Zhongkan
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ABSTRACT

In this paper, a devising scheme of Autonomous Vehicle Location and Navigation System
is introduced firstly. Then, several key technologies used in the devising scheme are
presented, which includes a data fusion method based on extended decentralized kalman
filter technology, a map-matching method used to compensate the positioning error, and a
digital map data processing method used to realize route planning algorithm. By this
time, a sample machine based on the devising scheme introduced in this paper has
already been worked out successfully. The availability and the advantages of these
technologies have been demonstrated.

KEY WORDS

Autonomous Vehicle Location and Navigation System (AVLNS), Global Positioning
System (GPS), Kalman filter, Map Matching, Route Planning

INTRODUCTION

Autonomous Vehicle Location and Navigation System, which is considered as a kernel
part of Intelligent Transportation System, is now being intensely studied all over the
world. As an integrated system, AVLNS consists of positioning module, Geological
Information System (GIS), route planning module, route guidance module and
communication module. The main function of AVLNS is to provide multiple kinds of
real-time traffic information to its user.



THE DEVISING SCHEME OF
AUTONOMOUS VEHICLE LOCATION AND NAVIGATION SYSTEM

The system structure of the AVLNS devising scheme is shown in Figure 1.

Figure 1. System structure of the AVLNS devising scheme

According to the devising scheme, the kernel part of AVLNS is an embedded computer
system, which is used as the central controller of the whole system. In addition, it also
provides the hardware in which system software is operated. The positioning module is
an integrated positioning system of GPS receiver and Inertial Navigation unit. The digital
map database is stored in CD-ROM, and can be replaced or updated conveniently. The
communication component is a mobile wireless modem, which is controlled by the
computer system through an ISA standard interface card. The AVLNS is also equipped a
color LCD as its display device and an infra remote controller through which its user can
send operating command.

An important feature of this AVLNS devising scheme is the use of embedded computer
system, which provides the system not only with powerful controlling ability needed for
running sophisticated software, but also with good expandability that is necessary to
connect or communicate with peripheral equipment. In the following section of this
paper, several technologies used in realizing the devising scheme will be discussed in
detail.
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A DATA FUSION METHOD
 BASED ON EXTENDED DECENTRALIZED KALMAN FILTER

TECHNOLOGY

The positioning module is the most fundamental of the various modules needed for
AVLNS. Based on the devising scheme, the positioning module is realized through the
combination of GPS receiver and inertial navigation unit. The primary positioning
method is GPS, which can continually provide real-time information including position,
velocity and time. The inertial navigation unit, which is an independent navigation
system, is used to provide information for operating dead reckoning in case GPS receiver
can not provide valid position information. This multisensor integration method can
provide the positioning module with multiple benefits including robust operational
performance, improved reliability of operation, and high levels of accuracy and fault
tolerance. All these benefits are acquired in the devising scheme by taking the data fusion
method, which is described in Figure 2.

Figure 2. Data fusion process of positioning data

According to this method, the GPS positioning data is introduced to a kalman filter firstly
to yield the optimal estimate for GPS data. Then, this estimate, together with the dead-
reckoning data from the inertial navigation unit, is send to a federal kalman filter to yield
the optimal estimate for dead-reckoning data. Finally, Both the estimate for GPS data and
for dead-reckoning data are send to a global filter, and the data fusion output is
generated.The advantages of this data fusion method include:

(1) By taking a decentralized kalman filtering approach, a local kalman filter is
applied to GPS data, which prevent the estimate for GPS data from the affection of
the accumulative error introduced by dead reckoning. In this way, the accuracy of the
filtering result is ensured.
(2) In the federal kalman filter, the information of position and velocity from the
optimal estimate for GPS data is introduced to compensate the accumulative error of
Dead Reckoning. Through this method, the positioning performance of inertial
navigation unit gains considerable enhancement.
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(3) Based on the optimal estimate for GPS data and for dead-reckoning data, a data
fusion approach based on extended kalman filter technology is applied to yield the
final positioning data output. Since the source data have already been corrected, the
data fusion result is of high accuracy level.

To illustrate the effect of the data fusion method, the positioning data curves in an
experiment are showed in the following figures. From Figure 3 we can see that, the curve
of the estimate for GPS data is smoother than that of the unprocessed GPS data. In Figure
4, it is obvious that the accumulative error of dead reckoning has been reduced
significantly after being compensated. Figure5 shows the fused data curve comparing
with the curve of estimate for GPS data. In general, by taking the data fusion method, the
positioning accuracy of the positioning module is efficiently improved.

                    Figure 3. GPS data curves                    Figure 4. Dead-Reckoning data curves

Figure 5. fused positioning data curve
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MAP-MATCHING METHOD

The map-matching technology plays an important role in the AVLNS devising scheme. It
makes the positioning result more reliable and accurate by employing the information
from digital map database. The basic assumption which is made as the prerequisite for
operating map-matching algorithm is that the location of vehicles are constrained to a
finite network of roads in most cases. The digital map used for map matching must be
relatively accurate; otherwise, the map-matching result may be incorrect, which in turn
will degrade the system performance.

Figure 6. Map-matching algorithm

In the devising scheme, map matching is realized through computer software. The
flowchart of the map-matching algorithm is described in Figure 6. The first step is
defining an error region based on the current position of the vehicle that is determined by
the positioning module. The error region encloses an area with a certain probability of
containing the actual position of the vehicle. To save on computation time, a circular
error region is used. Once the error region has defined, the algorithm extracts candidate
road segments in the neighboring area of the vehicle location from the digital map
database. Each segment is first tested to determine if its direction is parallel to the vehicle
heading within a specified threshold. If a segment passes the direction test, it is then
examined to determine if it intercepts the error region. After passing this intercepting
examination, the segment is still need to be tested to determine if it correlates with the
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previous position of the vehicle. Only the segments that are connect to the segment
previously determined to contain the vehicle position or are very close to the previous
vehicle position pass the correlatively examination. If a segment fails any of these three
tests, it is discarded. The segments that pass all these three tests are then added to the
candidate segment list. If this list is not empty after all the segments in neighboring area
have been tested, the algorithm selects the most probable segment in the list. If there is
only one segment in the list, the task is simple. This segment is the most probable
segment. If there are two or more segments in the list, the one that is closest to the current
position is selected. The algorithm then updates the current position to the closest
position in this surviving segment. Otherwise, if the candidate segment list is empty, the
current position is not updated. In this case, it is assumed that the vehicle is off-road.
Although the map-matching algorithm is not complicated, it significantly enhances the
positioning performance of the whole system when the vehicle is traveling on road
network.

A DIGITAL MAP DATA PROCESSING METHOD
USED TO REALIZE ROUTE PLANNING ALGORITHM

Route planning is a process that helps vehicle drivers plan a route prior to or during a
journey. It is widely recognized as a fundamental function of AVLNS. The shortest path
algorithm is used to solve the route-planning problem. In order to operate this shortest
path algorithm, the digital map data need to be preprocessed. Firstly, the digital map of
road network must be processed so that every road is splitted to the simplest segments. It
means that after this processing, any road segment in the digital map only intercept other
road segments at its start point or end point, which is defined as node. Then, connecting
information of all the segment nodes in the digital map is extracted. This information is
recorded in a matrix, which is very large in scale. Considering the fact that the quantity of
the nodes connecting with a certain segment node is much smaller than the total quantity
of nodes, the information matrix can be converted to a sparse matrix. After this
conversion, the matrix can be recorded in a special compact binary format. Through this
processing, the storing space used for operating the shortest path algorithm is cut down
greatly, while the searching time needed for extracting connecting information data is
reduced. In general, by using this data processing method, the route planning can be
realized with a reasonable expense.

CONCLUSION

By this time, a sample machine of AVLNS based on the devising scheme has already
been worked out. The good performance of this sample machine shows that, the
technologies presented in this paper are practical and effective.
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PROPOSED NEW WAVEFORM CONCEPT FOR BANDWIDTH AND
POWER EFFICIENT TT&C

Donald P. Olsen
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ABSTRACT

Most traditional approaches to TT&C have employed waveforms that are neither very
power nor bandwidth efficient. A new approach to TT&C waveforms greatly improves
these efficiencies. Binary Gaussian Minimum Shift Keying (GMSK) provides a constant
envelope bandwidth efficient signal for applications above about 10 Kbps. The constant
envelope preserves the spectrum through saturated amplifiers. It provides the best power
efficiency when used with turbo coding. For protection against various kinds of burst
errors it includes the hybrid interleaving for memory and delay efficiency and packet
compatible operations in Time Division Multiple Access (TDMA) environments.
Commanding, telemetry, mission data transmission, and tracking are multiplexed in
TDMA format.

Key Words

Modulation, coding, bandwidth efficient waveforms, power efficient waveforms, GMSK,
turbo coding and interleaving.

INTRODUCTION

The traditional waveforms used for TT&C had their genesis in the 1960’s before digital
circuitry became practical for signal generation and reception. The signals typically used
for TT&C included subcarrier(s) for modulation for lower data rates and direct modulation
with square pulses for higher rates. Often a small amount of residual carrier was provided
for synchronization in either case. Under the conditions then existing these approaches
served the community well, but perhaps after thirty some years they need to be
reevaluated.

At that time frequency management was not a major problem and there was not a strong
motivation to conserve the spectrum. However, today the spectrum is very crowded and
the number of users as well as desired data rates are increasing rapidly and such subcarrier



signals are not as bandwidth efficient as their direct carrier modulation counterparts. The
press for lighter, smaller, more reliable satellites, the constraint of available bandwidth,
and the availability of large scale digital signal processing chips have combined to force a
reevaluation of the traditional approach in favor of waveforms with higher bandwidth and
power efficiency.

Among those waveforms that provide high power efficiency, GMSK modulation is the best
candidate for high bandwidth efficiency. To further improve power efficiency, coding can
be added and turbo error correction codes provide the highest coding gain of all known
codes. Some channel interleaving may be needed for combating multipath and other forms
of burst error conditions such as Raleigh fading and interference. There has been some
interest in Code Division Multiple Access (CDMA) for interference mitigation and
bandwidth efficiency. As a future consideration we could add an optional CDMA or
frequency hopping with a significant sacrifice in overall bandwidth efficiency. This
increase in bandwidth can be fully offset only when a fully loaded set of simultaneous
CDMA or hopped Frequency Division Multiple Access (FDMA) users are operated time
synchronously within the same CDMA or frequency hopped channel bandwidth. Figure 1
is a block diagram of the set of signal processing steps needed to fully support a waveform
with all these features. The presentations that follow do not included capability for
frequency hopping or CDMA and some changes in acquisition and tracking will be
necessary when such is added.

FIGURE 1 TRANSMITTER SIGNAL PROCESSING BLOCK DIAGRAM
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PERFORMANCE

Table 1 shows a comparison of the power and bandwidth efficiency for the proposed new
turbo coded GMSK TT&C waveform (see line 1) for 10-6 probability of user bit error
(Pbe). It is compared with a similarly coded Feher’s Quadrature Phase Shift Key (FQPSK)
modulation and the turbo coded, convolutionally coded and uncoded traditional Binary
Phase Shift Key (BPSK) direct carrier modulation. The power efficiency is determined by
the minimum required signal Energy per Bit to Noise power density (Eb/No). The
bandwidth efficiency denoted by the Bits per Second to Hertz ratio (Bps/Hz) will drop or
alternatively the required channel spacing will increase with stronger adjacent channel
signals. Dr. Bow will later show us his GMSK hardware performance data.



MODULATION

There are currently two major contenders for medium to higher data rate (less than 100
Mbps) efficient modulation for TT&C. They are GMSK and FQPSK. GMSK ultimately
provides better skirt selectivity for applications in the presence of much stronger adjacent
channel signals than will FQPSK while FQPSK is somewhat less complex than GMSK
unless one implements them with high integration level Application Specific Integration
Circuit (ASIC) technology. The Aerospace Corporation has been actively studying the
performance and pursuing the hardware development of a GMSK laboratory test bed for
several years.

TABLE 1 PERFORMANCE COMPARISON OF THE PROPOSED RATE 1/2
TURBO CODED GMSK, TURBO CODED FQPSK, TURBO CODED,
CONVOLUTIONAL CODED AND UNCODED BPSK WAVEFORMS

Modulation
and Coding

Power Efficiency Bandwidth Efficiency

Case (Required Eb/No

in dB at 10-6 Pbe)
(Bps/Hz)

GMSK/
Rate 1/2
Turbo

3.4 plus Adjacent Channel
Interference (ACI) trade with

Inter-symbol Interference
(ISI)

0.55 and lower depending on modulation
BT value related permissible levels of
ACI degradation of required Eb/No.

FQPSK/
Rate 1/2

Turbo Coding

3.4 plus ACI 0.5 and lower depending on adjacent
channel interference levels and

permissible levels of ACI degradation of
required Eb/No

BPSK/
Rate 1/2

Turbo Coding

3.25 0.13 and lower depending on ACI levels,
filtering and hard limiting considerations

BPSK/
Rate 1/2 K=7
Convolutional

Coding

5.5 0.13 and lower depending on ACI levels,
filtering and hard limiting considerations

Traditional
BPSK/

No Coding

11.1 0.27 and lower depending on ACI levels,
filtering and hard limiting considerations

GMSK is a very attractive modulation choice from several perspectives. First, being a
member of the Continuous Phase Modulation (CPM) family, it has a constant envelope.
The constant envelope is essential for maintaining the spectral envelope when amplifying
the modulator output with a hard limiter or a class C (saturated) transmitter. The saturated
amplifier will not lead to spectral regrowth that generally occurs when baseband, IF or RF
filtering converts some of the BPSK or QPSK phase modulation energy to Amplitude



Modulation (AM). The saturated amplifier removes that AM and thereby raises the
spectral sidebands. GMSK has very steep spectral roll off because of the way it smoothes
out the inter-symbol phase transitions. BPSK in theory has abrupt transitions, that lead to
high side-band energy levels. GMSK stretches each channel symbol across L symbols
where L controls the inter-symbol transition time and thus the amount of inter-symbol
interference (ISI) built into the waveform. Second, GMSK closely approximates the Pbe

performance of BPSK for moderate spectral efficiencies or for more generic spectral
efficiencies when high Pbe levels are allowed as when one uses error correction coding.
Strong coding (such as turbo) can reduce the ISI loss to less than 0.2 dB depending on the
size of L or conversely how restrictive the bandwidth is. This ISI degrades the Eb/No of the
modulation somewhat relative to theoretical BPSK. However Dr. Lui, in a paper that
follows shows that for the most part the trellis demodulator equalizes this ISI.

The modulation phase ambiguity can be resolved and the carrier phase estimated for
coherent modulation by a sync word contained in each packet transfer frame. This is
discussed more in the framing section. An L-1 symbol guard time on each side of the
unique word isolates it from data induced inter-symbol interference. The sync word is
placed periodically in the stream of data on the downlink and at the beginning of a
command block on the uplink. If packet telemetry is used each packet will be preceded by
the sync word. A 32 bits sync word will lead to low losses.

ERROR CORRECTION CODING

Our principle investigator on turbo coding is Dr. Charles Wang. His paper will be seen
later in this session. Coding is seen as a means of maximizing power efficiency in
exchange for some loss of bandwidth efficiency. Turbo coding can provide performance
that approaches within 1 dB of the Shannon limit for large block sizes. Dr. Wang has
discovered some techniques that mitigate the traditional turbo code Pbe floor. He will
discuss an approach that provides a three order of magnitude reduction of the floor through
more carefully matching the tail properties of the code in the decoder.

INTERLEAVING

Interleaving is required whenever there is a potential for channel induced burst errors to
degrade the decoder performance. Convolutional and convolutional-like codes work best
when noise or interference-induced errors are spread uniformly across a transmission time
span that is an order of magnitude or more longer than the error burst. Otherwise, when the
noise occurs in bursts the performance is degraded. The interleaver will thereby allow the
decoder to work best in spite of the burst errors.



Several types of interleavers exist. They are the traditional block and convolutional as well
as the newer helical and hybrid forms. The block interleaver is traditionally used with
blocked data such as commands to a satellite or packets of telemetry. However it requires
4 times the memory and has twice the delay as the convolutional interleaver for the same
time span of interleaving. The helical interleaver behaves similarly to the convolutional
interleaver in these regards. However, the hybrid interleaver, while competitive with the
convolutional interleaver on delay and memory for a given time span of interleaving, also
has the attraction of the block interleaver in that it operates efficiently with blocks or
packets of data. It will allow TDMA of multiple transmitting packet sources into a
common receiving node. It also allows long interleaver time spans in the presence of
relatively short packets to protect against fading and its attendant burst errors without the
need for interleaver flushing when switching transmission among several packet sources.
Inter user transmission interleaver flushing is mandatory with the convolutional interleaver
under this scenario. All the interleavers must be synchronized using the transfer frame sync
word.

FRAMING AND TRANSFER FRAMES

The frame structure is TDMA where a set of transfer frame “slots” is assigned to the
TT&C functions. The transfer frame includes the data packet preceded by the
synchronization word. The data may be a command on uplinks, a telemetry packet on
downlinks or for either link the packet may be a tracking sequence. Figure 2 shows such a
frame concept. The TDMA approach eliminates the need to use a subcarrier for data in the
presence of the tracking PN code. This reduces the spectral and power inefficiency of
multiple FDMA carriers or subcarriers for the various functions with their larger required
bandwidth. The slots may be operating at different symbol rates, such as very high for
tracking while much lower for commands and telemetry. The bandwidth is then driven by
the typically higher tracking symbol rate. The sync words within each TDMA slot will
provide a reference for carrier phase, phase ambiguity resolution, interleaver sync and
decoder block synchronization.

FIGURE 2.  PROPOSED TYPICAL TELEMETRY TDMA FRAMING
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ENCRYPTION

Encryption is often user vehicle specific. The encryption should be the first feature added
to data on transmission, prior to error correction coding, and the last feature removed on
reception, after error correction decoding. The sync word is the last item added to the
beginning of a transfer frame. It must be sent in the clear in order to be useful for
synchronization. Therefore, the encryption should only be applied to the user data or
packets.

INTERFERENCE MITIGATION

These waveforms may be used effectively in a CDMA or frequency hopping environment
for mitigation of accidental or intentional interference or jamming. Of course the frequency
spreading will severely degrade bandwidth efficiency but will mitigate this degradation by
permitting multiple simultaneous usage of a band of frequencies by several TT&C
applications. This occurs with minimal interference between those applications and will
mitigate the external interference to the level provided by the available spreading
bandwidth. GMSK with BT less than or equal to 0.2 will provide the best bandwidth
efficiency of all known binary modulations types that mutually occupy the band allocation
while still minimizing ISI loss. If the interfering signals have power level differences
greater than one or two dB at a receiver, frequency hopping will provide better
interference mitigation without major ACI loss for a closely stacked set of FDMA users.
Otherwise CDMA may be better.

CONCLUSIONS

Dr. Gee Lui is the principle investigator on the theory and analysis of GMSK. He and Dr.
Kuang Tsai will discuss the spectral and Eb/No performance followed by a discussion of
the trellis and linear receiver. Dr. Tien Nguyen and Mr. John Charroux will present the
work on phase tracking techniques. Dr. Lui and Kuang Tsai will discuss their work on
symbol and carrier phase synchronization. Dr. RT Bow has built a laboratory breadboard
model using Field Programmable Gate Array (FPGA) technology. Finally Dr. Charles
Wang will discuss his work on the use of a relatively short block turbo code for TT&C.
Their work will follow in that order.

When you have heard all the papers in this session you should have a clearer
understanding of the reasons why turbo coded Binary GMSK with hybrid interleaving
provides the best bandwidth efficiency subject to a 0.5 dB loss from BPSK. Hybrid
interleaving, TDMA framing, frequency hopping and encryption, when needed will round
out a superior general purpose TT&C waveform.



BINARY GMSK: CHARACTERISTICS AND PERFORMANCE
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ABSTRACT

Gaussian Minimum Shift Keying (GMSK) is a form of Continuous Phase Modulation
(CPM) whose spectral occupancy can be easily tailored to the available channel bandwidth
by a suitable choice of signal parameters. The constant envelope of the GMSK signal
enables it to corporate with saturated power amplifier without the spectral re-growth
problem. This paper provides a quantitative synopsis of binary GMSK signals in terms of
their bandwidth occupancy and coherent demodulation performance. A detailed account of
how to demodulate such signals using the Viterbi Algorithm (VA) is given, along with
analytical power spectral density (PSD) and computer simulated bit-error-rate (BER)
results for various signal BT products. The effect of adjacent channel interference (ACI) is
also quantified. Ideal synchronization for both symbol time and carrier phase is assumed.

KEY WORDS

CPM, PAM Representation, GMSK, Bandwidth Efficient Modulation, Pre-coding, Viterbi
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1. INTRODUCTION

Gaussian Minimum Shift Keying (GMSK) is a form of Continuous Phase Modulation
(CPM) whose spectral occupancy can be easily tailored to the available bandwidth by
suitable choice of signal parameters. The signal also bears constant envelope, thus
enabling it to avoid the typical spectral re-growth associated with non-linear power
amplifiers. These attributes render GMSK an attractive modulation waveform in all
Frequency Division Multiple Access (FDMA) communication systems with constrained
system bandwidth.

In a paper by Kaleh[1], a simple coherent receiver for binary GMSK was proposed. The
receiver is based on a Pulse Amplitude Modulation (PAM) representation of binary CPM
signals established by Laurent[2], and employs the Viterbi Algorithm (VA) to optimally
demodulate the symbol sequences. This PAM-based receiver offers an effective way of
trading receiver performance and complexity by way of varying the number of matched-



filters used. In particular it was shown that, for binary GMSK with BT=1/4 and channel
BER≥0.01, a receiver consisting of only two matched-filters and a 4-state VA can virtually
achieve the performance of coherent BPSK signaling. The purpose of this paper is to detail
the VA-related processing that underlies this PAM-based receiver, and to report further
performance results for GMSK signals with other BT values − in particular BT=1/5.
Perfect synchronization in both symbol time and carrier phase is assumed throughout this
paper − receiver performance with timing and phase tracking is treated in later papers of
this session.
Section 2 defines the GMSK signal and assesses its spectral occupancy following a
concise review of Laurent’s PAM representation of binary CPM signal. Section 3
introduces a data pre-coding scheme and provides a detailed account of how to coherently
demodulate a binary GMSK signal using the Viterbi algorithm. Section 4 contains BER
simulation results quantifying the performance of the PAM-based coherent receiver for
GMSK signal with various BT values.

2. SIGNAL REPRESENTATION AND SPECTRAL OCCUPANCY

A binary GMSK signal s(t)=Re{z(t)⋅exp[j⋅2πfct]} at carrier fc is defined by its complex
envelope

z t E T j ts s c( ) exp{ [ ( ) ]}= ⋅ ⋅ +2 φ φ (1)

where Es is the bit energy, Ts is the bit duration, φc is the fixed carrier phase and
φ π α( ) ( )t h g t nTn sn

= ⋅ −∑ (2)

is the data-modulated phase. Here, h is the modulation index, αn∈{±1} are equally
probable NRZ data symbols, and g(t) is the so-called GMSK phase pulse which is derived
from the GMSK frequency pulse f(t) via g(t)=∫(−∞, t) f(τ)dτ. The frequency pulse f(t) is
obtained by taking the (non-causal) pulse response of a Gaussian smoothing filter with
(single-sided 3-dB) bandwidth B, truncating it to the interval [−LTs/2, +LTs/2] of duration
LTs, and then right-shifting it by LTs/2 to achieve the required conditions g(0)=0 and
g(LTs)=1. For Gaussian filters with small BT-product, L is essentially given by L=1/BTs;
for BT-product nearing unity, one can still take L as 1/BTs since the conditions g(0)=0 and
g(LTs)=1 can always be forged by properly scaling the truncated pulse response f(t). For a
Gaussian filter with bandwidth B and truncation width LTs=1/B, the GMSK phase pulse
g(t) can be directly computed from
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via Q(x)≡∫(x, ∞) (1/√(2π))⋅exp(-y2/2)dy. By virtue of (2), the integer L is the number of
elapsed bit periods for the GMSK signal to accrue a complete phase change amount of
πhα due to a single input bit α, and hence represents the memory of the GMSK signal. A



GMSK signal with memory L>1 is termed partial response GMSK, otherwise it is termed
full response GMSK.
For any N-bit long binary data sequence {αn; 0≤n<N}, the complex envelope z(t) of
GMSK signal (setting φc=0 for perfect synchronization) takes on the following PAM
form[2]
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where 12 −= LQ  is the total number of PAM-pulses {hk(t)}, and {ak,n} are the “pseudo-
symbols” relating to the channel symbols {αn} via the radix-2 digits {ki} of k (defined as
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Each of the PAM-pulses hk(t) is completely determined − via a generalized phase pulse
c(t) − by the modulation index h, the truncation width LTs, and the underlying GMSK
phase pulse g(t):
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and is time-limited to the interval [0, DkTs] where Dk=min0<i<L{L(2-ki)-i}, e.g., D0=L+1,
D1=L-1.
Spectral occupancy of binary GMSK signals can be analytically assessed by taking the
GMSK phase pulse in (3) and effecting the algorithm[3] that computes the analytical PSD
S(f) of general CPM signals. In particular, for equally probable channel symbols and non-
integer modulation index h, the analytical PSD S(f) can be directly computed from
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As shown in Figure 1, which contains normalized PSD [i.e., S(f)/S(0)] for binary GMSK
signals with h=1/2, both the mainlobe width and the sidelobe level of the GMSK spectrum
decrease with decreasing BT-product. [In general, lowering the modulation index h while
keeping the BT-product constant will further reduce the spectral occupancy. In this paper,
however, the constraint h=1/2 is imposed as a sufficient condition for the data pre-coding
scheme described below.]



-105

-100

-95

-90

-85

-80

-75

-70

-65

-60

-55

-50

-45

-40

-35

-30

-25

-20

-15

-10

-5

0

0 0.5 1 1.5 2 2.5 3 3.5 4

|f-fc|, Rb

N
o

rm
al

iz
ed

 P
S

D
, d

B

GMSK(M=2=1/h, L=1=1/BT)

GMSK(M=2=1/h, L=2=1/BT)

GMSK(M=2=1/h, L=3=1/BT)

GMSK(M=2=1/h, L=4=1/BT)

GMSK(M=2=1/h, L=5=1/BT)

GMSK(M=2=1/h, L=6=1/BT)

GMSK(M=2=1/h, L=7=1/BT)

GMSK(M=2=1/h, L=8=1/BT)

Figure 1. Normalized PSD for Binary GMSK (h=1/2).

The corresponding in-band power ratios (shown in Figure 2) indicate that GMSK signals
with smaller BT-products require a narrower band around the carrier to achieve a fixed in-
band power ratio. Table A summarizes the spectral occupancy of binary GMSK signals
with h=1/2 in terms of their (single-sided) “60-dB bandwidth” and “0.99-power
bandwidth” in units of bit rate Rb.
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Figure 2. In-band Power Ratio for Binary GMSK (h=1/2).



BT 60-dB Bandwidth (Rb) 0.99-Power Bandwidth (Rb)
1 1.70 0.58

1/2 1.48 0.52
1/3 1.27 0.47
1/4 1.06 0.43
1/5 0.94 0.40
1/6 0.83 0.37
1/7 0.77 0.35
1/8 0.72 0.33

Table A. Single-sided Spectral Occupancy for Binary GMSK (h=1/2).

3. DATA PRE-CODING AND TRELLIS DEMODULATOR

The optimal demodulator for an N-bit waveform {αn; 0≤n<N} corrupted by additive white
Gaussian noise (AWGN) is one that maximizes the following N2  correlation metrics
(0≤m< N2 )

[ ]Λ( ) *Re ( ), ( ) Re ( ) ( )m
r m r mz t z t z t z t dt= 〈 〉 ≡ ⋅
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∞

∫
where zm(t) denotes the signal associated with the m-th possible data sequence, and zr(t)
denotes the AWGN-corrupted received signal. Expressing zm(t) in PAM form (4), these
metrics become[1]
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m
,

( )  denoting the pseudo-symbols associated with the m-th data sequence. By

applying the matched-filter output rk,n (0≤k<Q) to a Viterbi algorithm, which recursively
selects an optimal pseudo-symbol sequence {a0,n; 0≤n<N} that maximizes Λ, the data
sequence {αn} can be effectively demodulated using (5). This PAM-based trellis demodulator is
simplified by retaining only the first F matched-filters {hk(-t); 0≤k<F} in (9); F is often confined to
powers of two due to the “batch” nature of {Dk}, e.g., D2=D3=L-2, D4=D5=D6=D7=L-3. Of particular
interest is the case of F=2, with the corresponding matched-filters (6) and branch metric (9) equations
given by
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By virtue of the PAM representation, in particular (5), the optimal pseudo-symbol
sequence produced by the trellis demodulator at any stage n inevitably involves all the data
symbols prior to that stage:
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(12)
where J≡exp(jπh)=j for h=1/2. This intrinsic data dependency calls for a “differential
decode” operation when it comes to demodulating the actual data symbols (i.e.,
jαn=a0,n⋅a*

0,n-1), thus resulting in a “differential” BER degradation similar to that of DPSK
as compared to BPSK. The purpose of the data pre-coding scheme is to encode the source
symbols {dn=±1} prior to the GMSK modulation so that the resulting channel symbols
{αn} will render an optimal pseudo-symbol sequence requiring no differential decode,
hence improving the receiver performance. This can be achieved for binary GMSK with
h=1/2:

[ ] ( )004mod11 1 ddddd nnnnn =+−=⋅= −− αα
(13)

This pre-coding scheme preserves the transmit spectrum of the GMSK signal because the
pre-coded symbols {αn} are still equally probable as the source symbols {dn}. With the
data pre-code (13) in place, the optimal pseudo-symbol sequence produced by the trellis
demodulator becomes, as opposed to (12),
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Here we see that, with the state defined as sn=(dn,dn-1), a 22-state 23-branch Viterbi
algorithm is sufficient for demodulating {dn} using F=2 matched-filters. [For each of the 22

states sn=(dn,dn-1) at stage n, there are only two incoming branches from the “previous
stage” sn-1=(dn-1,dn-2)= (dn-1,±1).] The corresponding branch metric (11) becomes
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A slightly different data pre-coding scheme is also possible for binary GMSK with h=1/2:
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The pre-coding scheme (16), being a “sign-alternating” variant of that in (13), also
preserves the transmit spectrum of the GMSK signal. With the sign-alternating data pre-
code (16) in place, the optimal pseudo-symbol sequence produced by the trellis
demodulator becomes, as opposed to (12),
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With the state still defined as sn=(dn,dn-1), a 22-state 23-branch Viterbi algorithm is again
sufficient for demodulating {dn} using F=2 matched-filters. The branch metric associated
with the sign-alternating pre-coding scheme (16) is
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The choice between the pre-coding schemes (13) and (16) is, strictly speaking, quite
arbitrary − the corresponding branch metric computations (15) and (18) involve only
additions/subtractions of real quantities, and extensive simulations consistently yield
identical demodulation performance for the two schemes. In the sequel, however, we opt
for the sign-alternating scheme (16) on behalf of simplifying a serial demodulator which
bases its data decision essentially on the sign of the first term in (18). [Serial demodulation
is still feasible when using the pre-coding scheme (13) provided the modulo-4-related signs
in the first term of (15) are properly accounted for in accordance with the modulo-4
conditions.]
The case of F=4 is sometimes of interest − particularly for GMSK signals with small BT-
product such as BT≤1/6. The additional two matched-filters and amended branch metrics
for the F=4 case are
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With the pre-coding scheme (16) in place, the additional pseudo symbols are
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With the state now amended as sn=(dn,dn-1,dn-2), it should be clear that a 23-state 24-branch
Viterbi algorithm with the following branch metric is sufficient for demodulating {dn}
using F=4:
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Figure A depicts a generic GMSK modem employing the data pre-coding scheme defined
by either (13) or (16). The metric computation within the Viterbi algorithm is governed by
the pre-coding scheme and the number F of matched filters used. Taking αn=dn in the
figure effectively removes data pre-coding.
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Figure A. Generic Binary GMSK Modem with Data Pre-code.

4. SIMULATION RESULTS

Performance Enhancement due to Data Pre-code
The performance enhancing effect of employing data pre-code is quantified in Figure 3 for
BT∈{1/2, 1/3, 1/4, 1/5}. The thick curves correspond to employing data pre-code (16),
and thin curves correspond to no data pre-code. These simulation data show that,
regardless of the BT value, a modem that employs data pre-code will, depending on the
channel BER of interest, render a 0.5~1.5 dB signal-to-noise ratio (SNR) enhancement
over the same modem that employs no data pre-code.
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Figure 3. Performance Enhancement due to Data Pre-code.



Performance Dependency on BT
The performance of the (pre-coded) trellis demodulator in AWGN is depicted in Figure 4
for BT∈{1/3, 1/4, 1/5, 1/6, 1/7}. Two matched-filters (F=2) are used here along with data
pre-code (16). The SNR required for attaining any given channel BER is seen to be larger
for smaller BT.  Such a performance dependency on BT is intuitively anticipated: smaller
BT yields longer signal memory L (along with narrower spectrum), hence severer inter-
symbol-interference (ISI) in the signal. Note that, for BT=1/3, the 2-filter trellis
demodulator already achieves the performance of coherent BPSK signaling.
Performance Dependency on Matched-filter Count F
The performance dependency on the number of matched-filters used in the trellis
demodulator is quantified in Figure 5 for BT∈{1/4, 1/5, 1/6, 1/7}. The performance of
using F=2 and F=4 matched filters are compared with data pre-coded (16) in place. The
solid curves correspond to F=2, and the dashed curves correspond to F=4. The
performance benefit of using more matched-filters is seen quite significant for systems with
small BT (e.g., BT≤1/6). This is particularly so for systems with low operating BER −
such as those that do not employ forward-error-correction. On the other hand, regardless
of the operating BER level, using F=2 matched-filters appears adequate for systems with
large BT (e.g., BT≥1/5).
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Figure 4. AWGN Performance of 2-filter Trellis Demodulator.
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Figure 5. Performance Enhancement due to More Matched-Filters.

Performance in ACI
To assess the ACI performance of the (pre-coded) trellis demodulator we consider a
typical FDMA scenario in which a desired GMSK signal is “surrounded” by two
(identically modulated) interfering GMSK signals. Both interfering signals are equally
separated from the desired signal in frequency (one on each side), and each has a power
advantage of AI dB over the desired signal. [The parameter AI is used to account for the
possible difference in propagation loss between the signals. It can also be used to reflect
the worst-case power fluctuation between the signals.] The ACI performance using F=2
matched-filters and data pre-code (16) is depicted in Figure 6 and 7 where the SNR
required to attain a 0.01 operating BER is plotted against the underlying carrier spacing for
AI=0 and 10 dB, respectively.

An intuitive power-versus-bandwidth tradeoff is evident in each of these curves: as
multiple signals are packed closer and closer to achieve higher throughput, more and more
power must eventually be exerted in order to maintain a given operating BER. Also
evident in each curve is that there exists a threshold carrier separation below which no
amount of power increase is enough to attain the given BER. Such threshold carrier
separation is BT-dependent as well as AI-dependent: smaller BT lowers the threshold, and
larger AI raises the threshold. These ACI simulation data also reveal a “threshold BT-
product” as one pursues tighter carrier packing via using smaller BT. With AI=0, for
example, the threshold carrier separation is gradually lowered from 0.65Rb to 0.55Rb as BT
decreases from 1/2 to 1/5, but decreasing BT below 1/5 will only lower the signal power
efficiency without lowering such threshold. The threshold BT-product is thus 1/5. With



AI=10 dB, the corresponding threshold BT-product occurs when BT=1/6 as the threshold
carrier separation lowered from 0.85Rb to 0.65Rb.
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Figure 6. ACI Performance of 2-filter Trellis Demodulator AI=0 dB.
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Figure 7. ACI Performance of 2-filter Trellis Demodulator AI=10 dB.

CONCLUSIONS

The demodulation performance of binary GMSK signals for a wide range of BT using the
PAM-based coherent trellis demodulator was presented. An easy-to-build, performance-
enhancing, spectrum-preserving data pre-coding scheme has been devised and
incorporated into the demodulator. Simulation data strongly support adopting data pre-



code for all values of BT. The performance dependency of the trellis demodulator on the
number of PAM-based matched-filters was investigated. Simulation data indicate that F=4
matched-filters need only be considered for systems with small BT and/or low operating
BER values. We have also quantified the ACI performance of the trellis demodulator
under a typical FDMA interference scenario. Simulation data reveal a threshold BT-
product in the presence of ACI. While the analytical PSD and in-band power ratio in
Figures 1 and 2 allow one to quickly assess the spectral occupancy of binary GMSK
signals, the ACI simulation results presented in Figures 6 and 7 provide a basis for a
power-versus-bandwidth tradeoffs in using GMSK signals in an FDMA system.
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VITERBI AND SERIAL DEMODULATORS FOR PRE-CODED
BINARY GMSK

Gee L. Lui and Kuang Tsai
The Aerospace Corporation, El Segundo, California

ABSTRACT

Three different demodulators applicable to the coherent demodulation of binary Gaussian
Minimum Shift Keying (GMSK) signal are described and their performance compared.
These include a near-optimal trellis demodulator, which utilizes two matched filters and
Viterbi algorithm to carry out maximum likelihood sequence estimation, and a single-
filter threshold demodulator with and without pulse equalization. The performance of
these demodulators in noise and adjacent channel interference (ACI) are compared for
several signal BT products. The equalized threshold demodulator is shown to perform
nearly as well as the near-optimal trellis demodulator in additive white Gaussian noise
(AWGN), and substantially outperform the trellis demodulator under severe ACI
condition.

KEY WORDS

GMSK, Trellis Demodulator, Serial Demodulator, LMS Equalizer, ACI, BER
Performance.

INTRODUCTION

The optimal demodulator for a GMSK signal in AWGN is one that implements the
maximum likelihood sequence search algorithm. This is known as the trellis demodulator
when the sequence search is carried out by way of the Viterbi algorithm. The
implementation of the optimal trellis demodulator calls for a bank of Q=2L−1 Laurent[4]
filter functions and a 2L-state signal trellis, where L=1/BT is the time span of the pulse
response of the Gaussian shaping filter with bandwidth B, T is the bit period, and x
denotes the smallest integer greater than or equal to x. A family of sub-optimal trellis
demodulators utilizing only F=2i (0≤i<Q) filter functions has previously been proposed
by Kaleh[1], and, in particular, a 2-filter trellis demodulator was shown to be near-
optimal for binary GMSK signal with BT=1/4. The performance of this near-optimal 2-
filter trellis demodulator was also shown to be achievable by a serial MSK-type
demodulator in conjunction with a transversal equalizer. Since the serial demodulator
uses only one Laurent filter function, it is linear and relatively simpler to implement than



the 2-filter trellis demodulator. The use of the serial demodulator also facilitates the
generation of soft decision metrics which are required for soft error decoding in
communication systems that employ forward error correcting code. In this paper we
extend the investigation of the trellis and serial demodulators for the binary GMSK signal
to other BT values of interest: 1/2, 1/3, 1/4, 1/5, and 1/6. The tap weights of a near-
optimal equalizer for the serial demodulator for different BT values are reported.
Performance of these demodulators in AWGN, and in AWGN plus adjacent channel
interference (ACI), are compared.

DEMODULATOR DESCRIPTIONS

Trellis Demodulator
The optimal demodulator for signals received in AWGN is known to be a matched filter
demodulator applied to the sequence of transmitted signal and such a demodulator can be
efficiently mechanized via the Viterbi Algorithm. Figure 1 shows an illustration of the
trellis demodulator (TD) for the GMSK signal.. The TD consists of a bank of 12 −L

matched filters followed by a Viterbi algorithm. These filters are matched to the
respective Laurent pulse functions of the GMSK signal. We refer the reader to a detailed
description of these filters in a paper[5] presented earlier in this session. As shown in the
figure, the received base-band complex envelope )(tzb of the GMSK signal is first filtered
by this filter bank to reject channel noise. The filter outputs are then sampled
synchronously at bit times to form 12 −L  complex sample streams which in turn are applied
to a Viterbi algorithm (VA). The VA searches for the data sequence with maximum
correlation to the input sampled signal sequences and, at bit decision time instant nT,
declares the 1

ˆ
−−Lkd  of this sequence as the demodulated data bit. For non-precoded

transmitted data, differential decoding on the demodulated data bit is also necessary. A
discussion of data pre-coding can be found in two companion papers[5, 6] presented in
this session.

Since the signal memory span L is 1/BT, and since the number of states of the VA is 2L,
the implementation of optimal trellis demodulator for partial response GMSK appears to
require a large number of filters as well as many memory elements and decision circuitry.
Fortunately, near-optimal demodulation performance can be achieved for a TD with only

Figure 1. Trellis Demodulator (TD)
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two of the filters, )(0 th −  and )(1 th − , and a 4-state VA, even for BT values as small as 1/6.
In the range of bit SNR from 0 to 10 dB, we have found the performance loss of this 2-
filter TD to be at most 0.5 dB from that of the all-filter implementation for the BT values
considered. Figure 2 shows a trellis diagram [1] of the 2-filter TD along with the formula
for computing the branch metrics. Note that the computation of the branch metric
involves only addition or subtraction of the matched filter outputs so the VA is actually
quite simple to implement. However, since the TD outputs only hard decisions,
generating soft decision metric for decoding an error correction coded GMSK signal is
not straightforward, and an approach to this problem requires further investigation.

Serial Demodulator
Despite the simplicity of the 2-filter 4-state TD discussed above, further simplification of
the demodulator is possible by omitting the )(1 th −  filter from the 2-filter TD. The
resulting structure − known as serial, or threshold, demodulator − is shown in Figure 3.
With the use of data pre-coding at the transmitter, data decisions of the serial
demodulator are simply made by taking the sign of the in-phase and quadrature
component of the matched-filter output alternately. The advantages of the serial
demodulator over the TD is its implementation simplicity as well as its ease of generating
metric for soft decision decoding. The decoding metric can be obtained by directly
quantizing into the required number of bits the respective in-phase or quadrature
component of the filter output at sampling instants. The disadvantage of the serial
demodulator is that its performance may be severely limited by inter-symbol interference
(ISI) − particularly for small BT products. However, the deleterious effect of ISI can be
mitigated with the use of an equalizer, which we now describe.
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Serial Demodulator with Equalization
ISI refers to the spreading of a data pulse over several bit intervals. It is an inherent
characteristic of a smooth and spectrally compact modulation waveform (such as GMSK)
and a direct consequence of the reciprocal spreading theorem of Fourier transform (which
states that a pulse that is long in time is necessarily narrow in frequency, and vice versa).

For a GMSK signal, each data pulse is spread among the set of Q=2L−1 Laurent pulses
with pulse duration ranging from (L+1 )T for the dominant Laurent component )(0 th  to T
for the weakest Laurent component. Upon reaching the detection filter of the serial
demodulator, these Laurent pulses are further spread by the detection filter )(0 th − ,
resulting in a total data pulse spread as large as 2(L+1) bit periods. Since the
autocorrelation function of )(0 th  vanishes at TL )1( +± , a signal sample taken at bit time
nT is corrupted by L preceeding data bits as well as L suceeding data bits, resulting in ISI.
The presence of ISI in the signal sample causes the signal to randomly deviate from its
expected value and could greatly impair the decision device’s ability to make correct bit
decisions − even in the absence of receiver noise. The effect of ISI on bit detection is
generally data pattern dependent and can be effectively mitigated using a Least Mean
Square (LMS) equalizer[3], which seeks to minimize the square of the error of the signal
sample from its expected value. An LMS equalizer, also known as a transversal equalizer,
can be implemented using a tap delay line, a set of multipliers and a multiple-input
summer. For BT values of l/3 to 1/6, we have determined that no more than 3 taps are
needed in each case to provide the near-optimal performance of the LMS equalizers.
These tap weights are shown in Table 1. We have found that, for BT values of ½ [2] and
greater and over the bit SNR range of 0 to 10 dB, the performance of the serial
demodulator without an equalizer is nearly the same as coherent BPSK performance and
equalization is thus deemed unnecessary for these larger BT values. Figure 4 depicts a
serial demodulator equipped with a 3-tap LMS equalizer. It should be noted that the delay
spacing between tap weights is 2T due to the alternating in-phase/quadrature nature of the
serial demodulator.

BT C-2 C0 C2

1/3 -0.032 0.866 -0.032
1/4 -0.064 0.873 -0.064
1/5 -0.101 0.887 -0.101
1/6 -0.139 0.907 -0.139

Table 1. Weights of LMS Equalizers for Serial GMSK Demodulation.



PERFORMANCE RESULTS

AWGN Performance
The simulated BER performance in Gaussian noise of the 2-filter trellis demodulator, the
non-equalized serial demodulator, and the serial demodulator with LMS equalization are
compared in Figures 5a to 5d for signal BT product of 1/3 to 1/6, respectively. The tap
weights of the LMS equalizer used for each BT value are as given in Table 1. In each
figure the bottom dashed curve is the BER of coherently demodulated BPSK and is
included for comparison. The thin solid curve above the BPSK curve is the 2-filter trellis
demodulator performance curve, the thick solid curve is the serial demodulator
performance with equalization, and the top curve is the serial demodulator performance
without equalization. For BT=1/3, we see that there is practically no difference among
the performance of the 2-filter trellis demodulator, the equalized serial demodulator, and
ideal BPSK signaling over the bit SNR range of 0 to 10 dB. There is also negligible
difference between the performance of the non-equalized serial demodulator and BPSK
performance for BER greater than or equal to 10-3. However, the performance of the non-
equalized serial demodulator starts to degrade from the BPSK performance curve as BER
becomes smaller. For BT=1/4, Figure 5b shows that both the 2-filter trellis demodulator
and the equalized serial demodulator perform nearly as well, and their performance
remain quite close to BPSK performance, whereas the performance of the non-equalized
serial demodulator departs more and more substantially from BPSK performance with
increasing bit SNR. Finally, for BT values of 1/5 and 1/6, the BER curves of the 2-filter
trellis demodulator and equalized serial demodulator begin to degrade increasingly from
the BPSK curve with increasing SNR but still remain relatively close to each other.
However, the departure of the non-equalized serial demodulator BER curve from the
equalized serial demodulator BER curve becomes markedly larger. From these figures
one can see that, for BT values of ¼ or larger and channel BER requirement of 0.05 or
higher, there is really no need for a trellis demodulator nor an equalized serial
demodulator − a simple non-equalized serial demodulator suffices. On the other hand, for
small BT values and low BER a serial demodulator equipped with an LMS equalizer can
perform significantly better than one without an equalizer. For an AWGN channel, the
equalized serial demodulator performs only a fraction of a dB worse than the 2-filter
trellis demodulator but requires lesser complexity to implement. As it turns out, in an
FDMA signaling system where significant power difference could exist among the

Figure 4  Serial GMSK Demodulator with Equalizer
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neighboring channels, the use of an equalized serial demodulator can have substantial
performance advantage over the trellis demodulator. We now turn to a discussion of ACI
performance of these demodulators.

ACI Performance
In a frequency division multiple access (FDMA) communication system, the system
bandwidth is shared among a group of carrier signals. Typically these carrier signals have
the same data rate and adjacent channels are separated by a fixed frequency spacing.
Suppose the carrier signals were originated from different terminals distributed over a
wide geographical area and these signals were transmitted to and demodulated at a
satellite receiver. Then at the satellite receiver the adjacent channels will interfere with
each other. The extent and severity of the mutual interference will depend on the
difference in terminal transmit power and propagation loss of these signals as well as the
channel frequency spacing. Since the interference from the nearest adjacent channels is
expected to be dominant among the channels in the system it is sufficient to consider only
the two nearest channels in the analysis of an interference situation. Figure 6 illustrates
this adjacent channel interference (ACI) scenario where the signal of interest is interfered
by neighboring signals each having a power advantage of p∆ dB over the signal of
interest. The level p∆  will be referred to as the ACI level.
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Figure 5a   Simulated Demod Performance for BT=1/3
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Figure 5c   Simulated Demod Performance for BT=1/5
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Figure 5d   Simulated Demod Performance for BT=1/6
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Figures 7a and 7b show the bit SNR required by the demodulators to provide an channel
BER of 1% as a function of channel frequency separation, for ACI level of 0 dB and
20dB, respectively. The BT value of the GMSK signal is 1/5. Figure 7a shows that,
irrespective of the demodulator used, the frequency spacing of adjacent FDMA channels
is limited to no less than 0.7Rb. It also shows that, even with 0 dB ACI level, the 2-filter
trellis demodulator still performs somewhat better than the equalized serial demodulator
just as in AWGN-ony channel. However, as seen in Figure 7b, the equalized serial
demodulator performs better than the 2-filter trellis demodulator under 20 dB ACI level.
The reason that the 2-filter trellis demodulator performs poorer than the equalized serial
demodulator for large ACI level is attributed to the wider bandwidth of the second
matched filter used in the trellis demodulator, which admits more interference power to
the data detector than the serial demodulator.

Figure 7a. ACI Performance (∆p=0 dB).
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Figure 7b. ACI Performance (∆p=20 dB).

Lastly, Figure 8 compares the BER performance of the 2-filter trellis demodulator and the
equalized serial demodulator for BT=1/6 with a 30 dB ACI level. Also included for
comparison are the performance of these demodulators with AWGN only. The channel
frequency separation used in the performance simulation is 0.9Rb. At channel BER of
3%, it is seen that, with AWGN only, the equalized serial demodulator performs only a
small fraction of a dB worse than the trellis demodulator whereas, with both AWGN and
ACI, the serial demodulator outperforms the trellis demodulator by about 3.5 dB.

Figure 8. Demodulator Performance for BT=1/6 under 30 dB ACI.
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CONCLUSIONS

In this paper we have described a near-optimal Viterbi algorithm-based 2-filter trellis
demodulator, a simple non-equalized serial demodulator, and a LMS-equalized serial
demodulator, all applicable to the coherent demodulation of binary pre-coded GMSK
signals. The near-optimal weights of the LMS equalizer for various BT values of interest
were reported. The performance of the equalized serial demodulator and a 2-filter trellis
demodulator were compared for a channel with noise only, as well as for a channel with
both noise and adjacent channel interference. Simulation results show that the trellis
demodulator performs better than the equalized serial demodulator when the ACI level is
low, whereas the latter may be the preferred demodulator to use when the ACI level is
high.

REFERENCES

 [1] Kaleh, G. “Simple Coherent Receivers for Partial Response Continuous Phase
Modulation,” IEEE Journal on Selected Areas in Communications, Vol.7, No. 9,
December 1989.

[2] Lui, G. L. “Threshold Detection Performance of GMSK Signal with BT=0.5,”
Proceedings MILCOM’98, pp. 515-519, October 1998.

[3] Proakis, J. Digital Communications, McGraw-Hill, New York, 1983.

[4] Laurent, P. “Exact Approximation Construction of Digital Phase Modulation by
Superposition of Amplitude Modulated Pulses (PAM),” IEEE Transactions on
Communications, Vol. 34, No. 2, February, 1986.

[5] Tsai, K. and Lui G. L. “Binary GMSK: Characteristics and Performance,”
Proceedings ITC’99, October 1999.

[5] Lui G. L. and Tsai, K. “Data-Aided Symbol Time and Carrier Phase Tracking for Pre-
coded CPM Signals,” Proceedings ITC’99, October 1999.



DATA-AIDED SYMBOL TIME AND CARRIER PHASE TRACKING
FOR PRE-CODED CPM SIGNALS

Gee L. Lui and Kuang Tsai
The Aerospace Corporation, El Segundo, California

ABSTRACT

A data-aided approach to symbol time and carrier phase synchronization applicable to
general continuous phase modulation (CPM) signals with modulation index 0.5 is
described. Simulated BER performance of two receivers equipped with these
synchronizers is presented for a GMSK BT=1/5 signal received in noise with constant and
dynamic synchronization errors. Results demonstrate that these synchronizers provide a
very promising and yet simple solution to the tracking problem in the design of coherent
CPM receivers.

KEY WORDS

CPM, PAM Representation, Data Pre-coding, Error Discriminator, Tracking Loops,
GMSK.

INTRODUCTION

Continuous phase modulation (CPM)[1] is a class of digital phase modulation signals with
a constant envelope. The spectrum occupancy of a CPM signal can be easily controlled or
tailored to the available bandwidth of the transmission channel. The constant envelope
CPM signals lend themselves to saturated power amplifier operation for maximum power
efficiency. Because of these attributes, the use of CPM signals in system designs can
potentially achieve significant improvement in both power and spectral efficiency over
other conventional modulation techniques, at the cost of a moderate increase in receiver
complexity. It is not surprising that the subject of CPM, though already appeared in the
literature for well over two decades, continues to engage the fervent interest of both the
theorists and practitioners in their research and development of power and bandwidth
efficient communication systems.

The Aerospace Corporation has been investigating the theoretical performance
characteristics as well as the implementation aspects of CPM signals for several years.
This effort has culminated in the development and hardware demonstration a year ago of a



trellis CPM demodulator with ideal synchronization. More recently, the development and
hardware implementation of the symbol time and carrier phase synchronizers provides the
required tracking functions for this coherent CPM receiver. These synchronizers were
evaluated by simulation and appear to have very promising performance and a substantial
advantage in simplicity over those investigated previously by others [2,3,4]. The purpose
of this paper is to describe the technical basis upon which these synchronizers were
developed, and to report some of the simulated BER performance results we obtained from
the use of these synchronizers. The GMSK BT=1/5 signal is used as a typical partial-
response CPM signal. The hardware implementation of such a GMSK receiver with both
synchronizers and its measured BER performance are presented in a companion paper of
this session. We begin with a brief review of the CPM signal and its representation as
sequences of amplitude modulated pulses.

We next introduce a data pre-coding scheme and a serial demodulator and show how the
combination of the two can be used to achieve “absolute phase” data detection. The data-
aided approach to detecting timing and phase error − which is central to the tracking
functions − is then described along with the tracking loops. Finally, simulation results on
receiver BER performance are presented for a GMSK BT=1/5 signal and some concluding
remarks are advanced.

CPM SIGNAL DESCRIPTION

Following Kaleh and Mengali [5,6], a binary continuous phase modulation (CPM) signal
can be described by
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where )(tzb is called the complex envelope of the CPM signal, cf  is the carrier frequency,

bE  is the bit energy, T is the bit duration, N is the transmitted data length in bits,
{ },1 ,110 ±∈= − iN ααααα K  represents one of N2  equally probable data sequences. The

parameter h is the modulation index, f (t) is the impulse response of the smoothing filter in
the CPM modulator and
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The impulse response f (t) is limited to the time interval [ ]LT,0  for some integer L and
having the properties that

)()( tLTftf −=                                               (5)
1)( =LTg                                                         (6)

PAM Representation of Signal Envelope
For a CPM signal, it has been shown by Laurent [7] that the complex envelope )(tzb  can
be expressed as
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 In this so-called pulse amplitude modulation (PAM) representation of the base-band CPM
signal envelope, also referred to as Laurent decomposition, the sa nk ',  are known as pseudo

data symbols and are related to the modulated data symbols generally by,

])[exp(
0

1

0
,, ∑ ∑

=

−

=
−−=

n

m

L

i
ikinmnk jha βααπ                      (8)
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The set of pulse functions { } 1

0)( −
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kk th , termed Laurent pulse functions, are of real value and
finite support and are formed by
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Among these pulses it can be shown that most of the signal energy is carried by the
principal Laurent pulse )(0 th  which has a duration of L+1 bit times. Another property of



)(0 th  is that it is symmetrical about t=(L+1) T/2. These properties of the principal Laurent
pulse function will be exploited in developing the error signals for the symbol time and
carrier phase tracking loops to be discussed later.

Data Pre-coding
From (9) it is seen that the transmitted data symbol can be obtained by differentially
decoding two successively received pseudo data symbols na ,0 . As it turns out, for a CPM

modulation index of h=0.5, it is possible to pre-code the transmit data stream kd  into the
modulator input symbol stream kα  with kk

k
k dd 1)1( −−=α  and it can be shown that the

pseudo data symbol na ,0  now becomes nn dnJa )(,0 =  with J (n) =1 for n odd and J (n) =j for

n even. Thus with this simple data pre-coding rule, either a trellis demod or a serial demod
as shown in Figure 1 can be used to demodulate the received CPM signal without
differential decoding. We have found that a CPM modem using this pre-coder can achieve
a performance improvement from 0.5 to nearly 2 dB over a modem without the pre-coder.
The trellis demod is described in some detail in another companion paper in this session

COHERENT CPM RECEIVER WITH TRACKING LOOPS

Symbol Timing Error Detection
Since the Laurent pulse function )(0 th is the dominant pulse function in a CPM signal, the
timing error of the received signal relative to the receiver clock can be detected by using
early and late gating on the received base-band signal in conjunction with a serial data
demod. The time error is produced by multiplying the data decisions generated by the
serial demod with the output of the early /late gate. Multiplication of the gate output with
data decisions is needed to wipe off the data modulation so that a consistent timing error
can be detected. With ideal data wipe-off, the detected timing error is given by:

                )()()(
)1(

0 0∫
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−=
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t dsshsGD ττ

Figure 2 shows the early and late gate function G (t) with the Laurent pulse function )(0 th

for L=5. Figure 3a shows a diagram of the timing error detector and Figure 3b plots the
ideal timing error detection curve )(τtD .
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Carrier Phase Error Detection
Consider a unit amplitude CPM signal received in the absence of channel noise with a
carrier phase offset θ . The complex signal envelope is
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where

(14)              )()()( 0,0 dtpTththpR kk += ∫
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Now assuming the data kd are equally probable, one can readily verified that the averaged
value of nkmad , is zero for 0≠k , all integers m and also 0=k , all integers nm ≠ . Thus, if

we assume the carrier phase error θ is small and that the serial demod can correctly
demodulate the data value of the m-th transmitted bit md , then, simply by multiplying the
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Figure 3b. Ideal Timing Error Detection Curve

Early/Late
Gate

Serial 
Demod

Re(), m odd
Im(), m even

X

t=mT+te

Received complex 

signal envelope 
Timing Error

Figure 3a. Symbol Timing Error Detector

0 1 2 3 4 5 6 7 8 9 102

1

0

1

2

G t( )

h 0 t( )

t/T

Figure 2. Early/Late Gate and h0(t) for L=5



serial demod output by the complex conjugate of mdmJ )(  and taking the imaginary part of
the product obtains a random variate whose mean value is θθθφ )0()sin()0()( 0,00,0 RRD ≈= ,

where the approximation follows for small phase error θ . Note that the randomness is due
to the intersymbol interference, which is data pattern dependent. Figure 4a shows a
diagram of the carrier phase error detector and Figure 4b plots the ideal carrier phase error
detection curve.

Since both timing and carrier phase error detection use the serial demodulator to provide
the required data decision for error generation, only one serial demodulator is needed for
both error detectors. Figure 5 shows, in complex signal representation, a diagram of a
digital CPM receiver in which this commonality of serial data detection is shared by both
error detectors. The error signals produced at every receiver symbol time are applied to
their respective filter and voltage control oscillator to adjust the sampling instants and the
phase of the received signal. The data reliability of a trellis demodulator is usually better
than that of a serial demodulator, particularly when the signal memory span L is large.
However, if L is small or if an equalizer is used in cascade with the Laurent pulse filter, the
simple serial receiver can perform practically as well as the more complex trellis
demodulator for the purpose of tracking error generation. Thus, a variation of this receiver
is to feedback the data decisions from the trellis demodulator to the error detectors,
provided that the processing delay of the trellis demodulator signal delay is properly
compensated for and that tracking performance is not unduly compromised by the delay.
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RECEIVER SIMULATION FOR PRE-CODED GMSK SIGNAL WITH BT=1/5

The bit error probability performance of the CPM receiver described above with a 2-filter
trellis demod was studied by computer simulation for a pre-coded GMSK signal with BT =
1/L= 1/5 where B is the one-sided 3-dB bandwidth of the Gaussian filter of the modulator.
In the simulation the GMSK signal amplitude 02 NE b  is set and maintained at unity and

a sampling rate N=8 samples per bit are used.

Discriminator Characteristics
Figures 6 and 7 show, respectively, the mean error output or discriminator characteristics

of the symbol timing error and carrier phase error detectors for the BT=1/5 GMSK signal.
These characteristics were obtained by computing in random data the averaged detector
output for a given error offset with the other offset error set at zero. For small errors, the
linear slope of the timing error discriminator curve is about –1.56 and that of the phase
error discriminator curve is about 1. The deviation of these characteristics from their ideal
S- curves at large offset error is attributed to the feedback of erroneous data decisions
caused by the intersymbol interference in the signal.
Tracking Loop Simulation Model
Figure 8 depicts a linear continuous time model of the tracking loop that is implemented
digitally in our performance simulation of the GMSK receiver with the symbol time and
carrier phase tracking loops.
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The linear model is appropriate since for tracking operation the tracking error is typically
small. Refering to Figure 8, DK  is the gain of the error detector, the loop filter used is of a
proportional and integral type with transfer function of the form

(15)                      )(
s

sF
βα +=

and the VCO transfer function is sK / , K  is the VCO gain. The closed loop transfer
function is [8]
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where ς is the damping factor and nω is the natural frequency of the loop. These
parameters are related to the loop filter and gain parameters by
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Figure 9 shows a digital implementation of this second order tracking loop with the
integrator s/1  approximated by the digital accumulator )1/(1 1−− z  where 1−z represents a

unit bit time delay. In the digital implementation, design Eqs. 17-18 remain valid with a bit
rate normalization. That is, the natural frequency and loop bandwidth parameters should be
regarded as parameters normalized by the bit rate.
Simulation Results
Using the set of loop parameters 1=DK , 1=vK  and 21=ς  for the phase tracking loop

and 56.1=DK , 1=vK  and 2/1=ς  for the time tracking loop, the step error response of the
phase loop to a 20 degree phase step and that of the time loop to a half bit time step were
simulated. Results are plotted against the theoretical error responses in Figures 10 and 11,
respectively. The simulated ramp responses are compared to the theoretical ramp
responses in Figures 12 and 13. The thick curve in each figure is the simulated error
response of the loop and the thin solid curve is the theoretical error response. It can be
seen that the simulated error response tracks the theoretical error curve very closely. The
dispersion of the simulated error response from the theoretical is due to the data noise
caused by the ISI in the signal.
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Figure 9  Discrete Time Tracking Loop Model



Figure 14 plots the simulated BER performance of the serial and trellis receivers versus bit
signal-to-noise ratio with time tracking only − the carrier phase error is set to zero and the
phase loop is disabled. The top and middle curves are, respectively, the simulated BER
performance of the serial demodulator and the trellis demodulator and the bottom curve is
the theoretical performance of coherently detected BPSK. The conditions simulated were
1) zero timing offset with time loop disabled, 2) 0.5T offset, and 3) 0.5T and a time drift
rate of 5 bit times per thousand bits. In each case simulation results show there is
practically no additional degradation to receiver performance due to time tracking.
Figure 15 plots the simulated BER performance of the serial and trellis receivers versus bit
signal-to-noise ratio with phase tracking only − the timing error is set to zero and the time
loop is disabled. The conditions simulated were 1) zero phase offset with phase tracking
loop disabled, 2) 20 degree offset, and 3) 20 degree offset and a phase drift rate of 5
radians per thousand bits. Here the simulation results show there is only a small fraction of
a dB degradation in BER performance of the receivers due to phase tracking.
Finally, Figure 16 shows the BER performance of the serial and trellis demodulator with
both time and phase tracking loops operating simultaneously. The conditions simulated
were 1) no timing error and no phase error and both loops were disabled, and 2) a timing
offset of 0.5T with a time drift rate of 2T per thousand bits, and a phase offset of 20
degrees with a phase drift rate of 2 radians per thousand bits. Simulation results indicate
that for these initial offsets and drift rates the degradation in BER performance of the
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demodulator due to joined time and phase tracking is well within 0.3 dB over a range of bit
SNR from 0 to 10 dB.

CONCLUSIONS

We have presented in this paper a data-aided approach to symbol timing and carrier phase
error detection applicable to all binary CPM signals with modulation index h=0.5. The
approach was based in part on the idea of “locking onto” the principal pulse component of
the CPM signal, as it carries the most energy among the set of signal constituent pulses,
and in part on a data pre-coding scheme that makes coherent data demodulation possible
with a serial data demodulator. A tracking receiver computer simulation consisting of a
second-order phase lock loop employing these error detectors and a trellis demodulator
was developed and exercised for the GMSK signal with BT product of 1/5. The simulated
step and ramp responses of both tracking loops were found in excellent agreement with
theory and the degradation of these tracking loops to receiver BER performance is a small
fraction of a dB even in the presence of both static and dynamic synchronization errors. It
is observed that due to the deleterious data noise (ISI) in the BT=1/5 GMSK signal, the
bandwidth and pull-in range of both loops appear to be limited to a few tenths of a percent
of the data rate. Consequently, these loops may only be viable for high data rate links and
may also require a high accuracy in frequency acquisition. To some extent, we believe
employing an equalizer to mitigate the ISI in the received signal prior to error detection
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can increase the bandwidth of the synchronizers. This idea remains to be explored. In
summary, we believe these tracking loops could be a promising solution to the tracking
problem in the design of coherent CPM receivers.
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HARDWARE PERFORMANCE FOR BINARY GMSK WITH BT=1/5

R. T. Bow
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ABSTRACT

The design, implementation, and performance of a digital modem employing Gaussian
minimum shift keying (GMSK) is described. The GMSK modem is implemented in field
programmable gate array (FPGA) chips, and a laboratory test setup was developed to
validate its performance for a signal BT value of 1/5. The measured spectrum of the
GMSK modem and its bit error rate (BER) performance, which are found in very close
agreement with those of theory and simulation, are presented in this paper.
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INTRODUCTION

The GMSK signal with BT=1/5 exhibits a very good trade-off between power and
bandwidth efficiency. The compact spectrum of this signal makes it a very promising
waveform to use for future space system applications with a constrained channel
bandwidth. Due to the smoothness of the signal, the demodulation and the tracking
functions for the GMSK signal are also more complex to implement than a conventional
phase modulation waveform [2]. The Aerospace Corporation has bread-boarded a
BT=1/5 GMSK modem and has obtained its measured BER performance with and
without the tracking loop functions via a laboratory hardware test setup, as an attempt to
address the question: Can a GMSK digital modem be implemented with a reasonable
amount of hardware, and how good will the performance be? The purpose of this paper is
to describe the implementation details of this modem and compare its performance to that
obtained by software simulation. Specifically, both the pre-coded binary GMSK
modulator and the demodulator with symbol time and carrier phase tracking loops for
BT=1/5, implemented in XILINX FPGA chips, are discussed. The gate count of the
circuits will be described. This paper is organized as follows: a detailed design of the
modulator and the demodulator is described in the next section, followed by a description
of the laboratory setup. Then measured performance results of this modem are presented
and conclusions are advanced.



MODULATOR DESIGN

The GMSK BT=1/5 baseband modulator, shown in Figure 1, converts the incoming data
streams into I (in phase) and Q (quadrature phase) analog waveforms. All the circuits are
digital except the digital-to-analog (D/A) converters. Every symbol has 8 samples. On the
left-hand side of Figure 1, the pre-coded incoming data continuously shifts into the 5-bit
shift register at the symbol rate which is 1 Mb/s. It can be thought of as a 5-bit moving
window on the data stream. The 5 data bits in the register determine via “∆φ Table” the
frequency of the baseband waveform for the symbol period. The frequency is then added
to the current phase of the baseband waveform, then producing the next phase sample of
the waveform. The digital phase value is fed to the sine and cosine lookup table to
produce the digital I and Q values. The baseband I and Q are then generated using the
two D/A converters.

DEMODULATOR DESIGN

The digital GMSK demodulator with data-aided symbol time and carrier phase tracking
for pre-coded signals, as described by Lui and Tsai [2], has been implemented. The
digital GMSK demodulator, shown in Figure 2, processes the digitized I and Q baseband
signals and outputs the demodulated data bit. The symbol pulse and sampling clock
generator at the top right corner controls and synchronizes all the blocks in Figure 2. One
symbol pulse is generated for every 8 sampling clocks. The digitized I and Q signals first
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go through a phase rotation according to the phase correction signal, which is generated
by the carrier phase tracking loop. Both of the rotated I and Q signals are fed into two
FIR filters and an early late gate, which can also be mechanized as a FIR filter, with the
first 23 tap coefficients equal to 1. The 24th tap coefficient is 0, and the last 24 tap
coefficients are –1. The two 48 tap FIR filters in the middle of Figure 2 are h0 filters [2].
The two 32 taps FIR filters are h1 filters [1]. All the FIR filters in addition to the early and
late gates are clocked at the sampling rate, but their outputs are sampled at the symbol
rate. The multiplexer receives the two inputs at the symbol rate and then alternately
outputs the inputs at the symbol rate. The sequence of output for the even-odd
multiplexer is the opposite of that of the odd-even multiplexer. The even-odd-alternated
output of the two h0 filters is sent to a 1-bit hard limiter, which produces the serially
demodulated data bit [3]. The data bit is multiplied with the top even-odd-alternated
output of the two early late gates to produce the timing error signal. It goes through a
second-order feedback loop filter to generate the time correction signal to the symbol
pulse and sampling clock generator. The serially demodulated data bit is multiplied with
the output of the odd-even-alternated output of the h0 filters to produce the phase error
signal. It goes through another second order feedback loop filter to generate the phase
correction signal to the phase rotation circuits. The outputs of the two bottom even and
odd multiplexers are sent to the trellis demodulation circuits which produces the trellis-
demodulated [3] data bit. The trellis demod circuits consist of 4 states and 8 stages. The
two second-order feedback loop filters and the trellis demodulator operate at the symbol
rate.

MODULATOR AND DEMODULATOR FPGA CHIPS AND CIRCUITS BOARD

Both the digital modulator and the digital demodulator circuits are built using the SPW
HDS model. The SPW VHDL RTL LINK generates the VHDL code of the circuits. The
SYNOPSYS FPGA EXPRESS generates the netlist file from VHDL code and XILINX
ALLIANCE software produces the final bit file for the XLINX FPGA chip. The
modulator occupies less than 10% of one XC40150 chip’s resources. The demodulator
occupies about 60% of two XC40150 chips’ resources. The modulator also uses two
static RAMs. All of them are mounted on an APTIX MP3 board. The two XC40150
chips of the demodulator and another static RAM are mounted on an APTIX MP3A
board. The SYNOPSYS DESIGN COMPILER generates the two netlist files for the two
APTIX boards from the VHDL codes, which come from SPW VHDL RTL LINK. First
the APTIX’s EXPLORE software downloads the netlists to the two APTIX boards, then
the XILINX ALLIANCE software downloads the bit patterns into all the XILINX chips.
Hence the modulator circuit board and demodulator circuit board are ready to operate.



TEST SETUP

The modulator and the demodulator were first tested with hard-wired (ideal) symbol time
and carrier phase tracking loops. The test setup is shown in Figure 3. The bit error rate
tester generates a pseudorandom data bit stream. The GMSK modulator and the two D/A
converters convert the data stream into baseband I & Q signals. The HP 8780A up-
converts the signals to a 118 MHz IF signal. The IF signal, combined with noise, goes
through a bandpass filter, an amplifier, and a power divider. One output of the power
divider goes to the spectrum analyzer, which is used to measure the spectrum of the
signal and to measure the signal-to-noise ratio. The other output of the power divider
goes through a downconverter, of which the outputs are the baseband I & Q signals. The
digitized I & Q are sent to the GMSK demodulator that produce recovered data bit
stream. The BER tester compares the received data bits with the transmitted data bits and
then displays the bit error rate. The UN-modulated 118 MHz IF signal of the HP 8780A
up converter is used by the I/Q converter so that the received I & Q signals are at 0
frequency. It enables the demodulator to operate without the phase tracking loop. The
modulator and the demodulator also share the same system clock so that they can work
without the time tracking loop.

48 Taps
Early &

Late Gate

48 Taps
h0 FIR
Filter

Even & Odd
Multiplexing

1 bit
Hard

Limiter

Second 
Order
Loop

48 Taps
h0 FIR
Filter

32 Taps
h1 FIR
Filter

32 Taps
h1 FIR
Filter

48 Taps
Early &

Late Gate

Even & Odd
Multiplexing

Even & Odd
Multiplexing

Odd & Even
Multiplexing

Multiply

Multiply
Second 
Order
Loop

Phase 
Rotation

Trellis
Demodulation

Symbol Pulse & 
Sampling Clock Generator

Data Bit Out

I

Q

Phase Correction Feedback

Time Correction Feedback

Figure 2, Demodulator Block Diagram

Serial Demodulated
Data Bit



The measured spectrum is shown in Figure 4, and the theoretical spectrum is shown in
Figure 5. The difference between the two figures is mainly on the level of the noise floor.
The bit error rate curves are shown in Figure 6. The difference between the measured and
the simulated values indicates less than 0.5 dB degradation due to implementation.

Figure 5, Theoretical GMSK Spectrum, BT = 1/5
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Figure 4, Measured GMSK Spectrum, BT = 1/5
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The modulator and the demodulator will be tested with both symbol time and carrier
phase tracking in place. The test setup is shown in Figure 7. In comparison to Figure 3,
the demodulator clock generator and the downconverter’s frequency source are
independent with respect to those of the modulator.

CONCLUSION

A digital hardware design and implementation of the binary GMSK modem with time
and carrier phase tracking loops as proposed by Lui and Tsai [2] has been presented. It
was shown that the measured spectrum and BER performance of this modem are in close
agreement with those of theory and simulation. At the time of this writing, BER
performance of this modem for the case with both time and carrier phase tracking is
being measured; we hope to discuss these results in the conference. In passing it should
be noted that although the current design is developed for BT=1/5, extending it to other
signal BT values is straightforward.

Figure 6, GMSK BT=1/5 Bit Error Rate versus Signal-to-Noise-Ratio
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USING SHORT-BLOCK TURBO CODES
FOR TELEMETRY AND COMMAND
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ABSTRACT

The turbo code is a block code even though a convolutional encoder is used to construct
codewords. Its performance depends on the code word length. Since the invention of the
turbo code in 1993, most of the bit error rate (BER) evaluations have been performed
using large block sizes, i.e., sizes greater than 1000, or even 10,000. However, for
telemetry and command, a relatively short message (<500 bits) may be used. This paper
investigates the turbo-coded BER performance for short packets. Fading channel is also
considered. In addition, biased channel side information is adopted to improve the
performance.

KEY WORDS

Turbo code, block size, S-random interleaver, error floor, bit error rate, fading, channel
side information.

INTRODUCTION

In recent years, a newly invented forward-error-correcting code, turbo code [1], has been
demonstrated to be so powerful that the Shannon limit finally becomes practically
meaningful. Turbo code can provide significant coding gain by utilizing two relatively
simple constituent convolutional encoders and an interleaver. In comparison with the
commonly used concatenated Reed-Solomon/convolutional code, an additional 2.25 dB
coding gain can be achieved, which is within a fraction of 1 dB from the Shannon limit, for
a block size of about 64K.

Turbo code is a block code even though a convolutional encoder is used. Its performance
depends on the code word length. Since the invention of turbo code in 1993, most of the
bit error rate (BER) evaluations have been performed using large block sizes, i.e., sizes
greater than 1000, or even 10,000 [2,3]. However, for telemetry and command, a relatively
short message (<500 bits) may be used. This paper investigates the BER performance for
short turbo-coded packets.



Turbo decoding is based on the concept of maximum likelihood decision on the entire
block of data. The decision on one bit will affect the decoding of subsequent bits. Fading,
or scintillation, which is a common and important channel disturbance in satellite
communications, can carry its effect over a period of multiple bits, resulting in significant
degradation to turbo code performance. A Markov process can be utilized to model a
fading channel. In this paper, turbo code BER performance using BPSK under a fading
channel is investigated.

During the process of turbo decoding, the knowledge of the received bit signal-to-noise
ratio (SNR) is essential. In an additive white Gaussian noise (AWGN) channel, the best
BER performance can be achieved if the bit SNR used for decoding, also called channel
side information (CSI), matches the actually received bit SNR [4]. However, in a channel
with time-varying disturbance such as fading, using biased CSI with value smaller than the
actual received bit SNR can improve BER performance [4]. This paper also examines the
impact of using biased CSI to faded performance for short packets.

TURBO CODE BACKGROUND

The turbo encoder has a simple structure that comprises of two identical recursive
convolutional encoders ENC1 and ENC2 as shown in Figure 1. The input sequence to the
first constituent encoder is interleaved and then fed into the second constituent encoder.
The output of a turbo encoder includes the information and parity-check segments. The
parity-check segment results from puncturing the two encoded output sequences from two
constituent encoders, depending on the turbo code rate. Hence, the turbo code is a
systematic block code even though a convolutional encoder is used to construct code
words. The interleaver is an essential component of a turbo code. With the combined
effect of recursiveness and interleaving, the minimum Hamming distance is increased,
resulting in a significant improvement on the BER performance. At the end of encoding
each block of N bits, both ENC1 and ENC2 need to be flushed. Flushing, which is a
process that forces the shift registers of the encoder to contain all zero bits at the end of
such process, takes K-1 bit-time intervals, where K is the constraint length. Entering zero
bits can no longer flush the recursive convolutional encoder as it can for the ordinary
nonrecursive convolutional encoder. Divsalar and Pollara presented a simple mechanism to
flush the turbo encoder [5]. In general, at each bit-time interval during the flushing process,
a flushing bit and an associated encoded bit are generated. The resulting K-1 flushing bits
and their K-1 associated encoded bits are dependent on the state SN of the encoder at the
N-th bit-time interval. The purpose of flushing the encoder is twofold. First, it prevents any
memory of one block from going to the following block because each block must be
encoded independently. Second, it can terminate the encoding of each block of data to a
known state-the all-zero state. This is a crucial feature for turbo decoding. As shown in
Figure 1, ENC2 cannot start to encode until all N bits have entered. Hence, an N-bit delay



needs to be applied to both the information (systematic) sequence uk and the first parity-
check sequence e1k in order to synchronize three individual sequences to form a code
word.

The turbo decoder adopts an iterative decoding structure, which constitutes a suboptimal
decoder, as shown in Figure 2. In a turbo decoder, there are two a posteriori probability
(APP) constituent decoders, which are the counterparts of the two corresponding
constituent encoders. During each iteration, the first APP decoder (DEC1) generates a
sequence of extrinsic information that is, in turn, used as the a priori information input to
the second APP decoder (DEC2). DEC2 also generates a sequence of updated extrinsic
information that is fed back to the DEC1 as the a priori information input for the next
iteration. Interleaver and de-interleaver are used to reconstruct the correct orders among
multiple input sequences to both DEC1 and DEC2. DEC2 generates a second series of
outputs; those are the log a posteriori probability ratios of the information bits. At the end
of M iterations, a hard-decision rule is applied to all bits of this de-interleaved second
output sequence. These hard-decision bits become the decoded bits. It can be seen that as
iteration continues, the BER performance can be improved. After a number of iterations,
the performance tends to saturate [1].

ERROR FLOOR MITIGATION

Simulation results [2,3] have shown that although the BER performance of turbo code
plunges dramatically as the bit SNR increases initially, the drop tends to flatten out
(usually when the BER <10-6) even as the bit SNR continues to increase. This means that
after a certain breakpoint, the BER cannot be further improved without a considerable
increase in bit SNR. This phenomenon of error floor makes turbo code very undesirable
for some applications, such as the packet switched network, where the BER requirement
can be as low as 10-10. Wang has developed several techniques to mitigate this error floor
problem [6,7]. Based on these techniques, a different turbo encoding structure is
implemented, as shown in Figure 3 [6]. As in the case of the conventional turbo encoder,
the first constituent encoder is always flushed at the end of encoding each block of data.
The difference is that instead of interleaving only the information portion of the systematic
sequence, the entire systematic sequence (including both the information portion and the
appended flushing tail bits) is interleaved and fed into the second constituent encoder. In
addition, the second encoder is not flushed. The contents of the shift registers are reset to
all zeros instantaneously at the end of each block. Associated with this new encoder
structure, a new turbo decoding structure as shown in Figure 4 is used [6]. A modified
version to the original APP decoder is implemented for the second constituent decoder. In
this modified APP (M-APP) decoder, the backward recursion starts from all 2m possible
states, where m = K - 1, with their initial metrics equal to the ending metrics of the forward
recursion for every iteration [6]. (The first APP decoder still starts its backward recursion



from the all-zero state only.) In addition, the M-APP applies a hard decision rule to all bits
of the second series of outputs for every iteration. The hard-decision results are stored. At
the end of M iterations, a majority selection rule is applied to every set of those M
prestored hard-decision results associated with the same bit for making the final decoding
decision on this particular bit [6]. The simulation results based on these modified turbo
encoder and decoder show no BER error floor in the range that the simulation could
handle, which is at BER > 10-8 [6,7].

OPTIMUM CODE STRUCTURES AND THEIR PERFORMANCES

The turbo code is known to be code-structure sensitive. Its BER performance changes
significantly when there is a change to the code configuration, which includes code rate,
constraint length, tap connection, block size, interleaving pattern, and number of decoding
iterations. Wang has developed an algorithm to exhaustively search for optimum tap
connections for codes of K = 3, 4, and 5 [8] in the sense that the asymptotic BER
performance is minimized. The optimum tap connections were shown to be [7]

K=3 K=4 K=5
(7,5) (13,17) (23,35)

Here, the combination of two octal numbers (n1,n2) is used to represent the turbo code
structure. The corresponding binary representation of the first octal number n1 indicates the
tap connections of the feedback generating polynomial of the constituent code, while that
of the second number n2 indicates the tap connections of the feed-forward generating
polynomial. For example, the code (23,35) or (10011,11101) is a turbo code, each of
whose constituent codes is shown in Figure 5. The result for K = 3 in the above table is
consistent with the one found by Divsalar and Pollara [9], and those for K = 4 and 5 are
the same as what Benedetto and Montorsi found [3].

One of the most important reasons why the turbo code can provide a significant amount of
coding gain is due to the use of an iterative decoding algorithm. The drawback of using
such an iterative decoding structure is the latency delay. The larger the number of
iterations, the better the decoder performance, however, the longer the delay. It was shown
[1,2,6] that the first few iterations are the most effective ones; each performance
improvement thereafter becomes less and less significant. Wang has shown that the use of
10 decoding iterations represents a good trade-off between performance and delay for
codes of K = 5 [7]. When K = 3 or 4, the performance difference between 5 and 10
iterations is unnoticeable for the range of BER < 10-5.

The interleaving pattern is a key factor that can affect the performance of turbo code.
Wang also investigated turbo code performances with various types of interleaving pattern
[7]: block, diagonal, helical, pseudorandom, S-random [10], T-random, and S-T random
[11]. The first three interleaving patterns are under the category of regular interleaving,



while the last four ones are under the category of random interleaving. Based on the
random coding argument, a forward-error-correcting (FEC) code that generates random
code words can produce a significant amount of coding gain. Therefore, it can be
intuitively concluded that a turbo code with a random interleaver will outperform another
with a regular interleaver. Wang has shown that the S-random interleaver performs the
best among all interleaving patterns investigated [7].

Wang has also investigated BER performances for codes of various constraint lengths [7].
He showed that for short blocks (<500), increasing the constraint length does not yield
significant improvement when the required BER is relatively large (>10-4). Note that the
decoder complexity increases exponentially as the constraint length increases. Therefore,
utilizing a turbo code of small constraint length constitutes a significant advantage.
However, Wang also indicated that if the required BER is equal to or less than 10-6, a
short-block turbo code with K = 5 still outperforms one with K < 5 by at least 0.5 dB.

Since the BER requirement for telemetry and command is generally equal to or less than
10-6, the evaluation of the BER performances in this paper is always for a constraint length
5, rate 1/2 turbo code with the optimal generating polynomial of (23,35), S-random
interleaver, and 10 decoding iterations. A BPSK modulation is used.

PERFORMANCES FOR RELATIVELY SHORT TURBO-CODED BLOCKS

Figure 6 illustrates the BER simulation results for block sizes of 100, 200, 300, and 500 in
an AWGN channel. Compared to a commonly used K = 7, rate 1/2 convolutional code
with Viterbi decoder, the improvement given by these turbo codes varies from 0.5 dB for a
block size of 100 to 2.2 dB for a block size of 500.

Fading, or scintillation, which is a common and important channel disturbance in satellite
communications, can carry its effect over a period of multiple bits. Coherent time τc is
generally used to characterize a fading channel [12]. In a communications system that
adopts an FEC code, particularly convolutional or turbo code, this correlated property of
the fading channel can propagate a decoded bit error to subsequent bits, causing bursty
errors and significantly degrading the performance. A channel interleaver is usually utilized
to break the correlated channel disturbance into random channel symbol errors that, in
turn, can be effectively corrected by an FEC code. As a result, the BER performance can
be significantly improved. The larger the interleaving size, the wider the correlated channel
symbols can be separated, and consequently, the better the performance. The cost for a
larger interleaver size is longer delay. Figure 7 shows the BER performance of a block size
of 100 in various fading environments characterized by I/τc, where I is the channel
interleaving size with the same unit of τc. It can be seen that increasing I beyond 50 times
τc does not significantly improve the performance. It is also shown that no matter how



large I is, the performance degradation suffered by fading is at least 4 dB. Using an I of 10
times τc results in an additional degradation of 2 dB. Further decrease in I can degrade
performance significantly. Figure 8 shows values of the required Eb/N0 in order to achieve
a BER of 10-6 as a function of I/τc for block sizes of 100, 200, 300, and 500.

IMPROVING FADED PERFORMANCE
BY USING BIASED CHANNEL SIDE INFORMATION

During the process of turbo decoding, knowledge of the received bit SNR is essential.
Since this bit SNR is highly dependent on the channel characteristics, it is also called
channel side information (CSI). The best performance under an AWGN channel can be
achieved if the CSI used for decoding matches the actually received bit SNR on a symbol-
by-symbol basis. Wang has shown that when CSI is off by an amount greater than 2 dB,
the bit SNR degradation is more than 0.25 dB for a required BER at 10-6 [4]. In a non-
time-varying propagation channel, CSI can be estimated by considering transmitter’s
power, propagation characteristics and path distance, as well as receiver’s antenna gain,
etc., or by using a time-averaging power detecting device in the receiver. However, in the
event that the channel is corrupted by a time-varying disturbance, such as fading, it is
impossible to estimate the instantaneous bit SNR. Making use of an average power
estimator can give only the average power over a time span. Wang has shown that when
biased CSI that is set at between 3 to 4.5 dB smaller than the average bit SNR is used, the
overall BER performance can be improved by up to 1 dB [4]. Figure 9 shows the BER
improvement of using such biased CSI for I/τc = 20 and various values of block size
(<500). It shows that an improvement of about 0.25 dB can be achieved when a CSI that is
4 to 4.5 dB smaller than the average bit SNR is used for turbo decoding.

CONCLUSION

In this paper, performances of turbo codes with relatively short block sizes, in the range
from 100 to 500, are studied using optimum codes of K = 5, S-random interleaver, and 10
decoding iterations. Simulation results show that it requires an Eb/N0 of 2.3 dB for a block
size of 500 or 4 dB for a block size of 100 to achieve a BER of 10-6. In addition, the BER
performances for these turbo codes under fading environments are also examined. Finally,
biased CSI is utilized for turbo decoding and an improvement of about 0.25 dB is
achieved.
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Figure 1. A Conventional Turbo Encoder Structure

Figure 2.  A Conventional Turbo Decoder Structure
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Figure 3. A Modified Turbo Encoder Structure

Figure 4. A Modified Turbo Decoder Structure
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Figure 6. BER Performances for Various Block Sizes in an AWGN Channel

Figure 7. Faded BER Performance for Block Size 100 and Various Values of I/τc
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Figure 8. Required Eb/N0 In Order To Achieve a BER at 10−6

Figure 9. BER Improvement By Using Biased CSI for I/τc=20
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INTRODUCTION TO SOFTWARE AGENTS

Lance Self
Air Force Research Laboratory

Space Vehicles Directorate
Albuquerque, New Mexico  87117

lance.self@vs.afrl.af.mil

ABSTRACT

Software agents are application programs that perform duties in an autonomous fashion.
These applications can be used to increase productivity, better use existing bandwidth, and
improve present and future software application programs. By using existing established
methods, and adding a layer of intelligence, software agents can add problem solving
abilities to an application program.

KEY WORDS
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INTRODUCTION

Software agents have been described as everything from a panacea for building distributed
application software to an unworthy step-child being falsely touted by the artificial
intelligence community. The truth of agents, and their usefulness, lies somewhere between
these two extremes. Agents are not the “magic bullet” capable of human like reasoning
and actions. Difficult software applications will remain so to the software engineer who
builds these applications.

Software agents do, however, move the building of certain software applications forward
just as the object-oriented paradigm did. In fact, agents can be considered as an extension
to, or as a natural progression of, object-oriented programming. Objects offer modularity,
encapsulation, and polymorphism as building blocks for modeling the system entities.
Software agents can build on these inert activities by using established algorithms to add a
layer of problem solving abilities to the application.



AGENT DESCRIPTION

Before describing what software agents are it would be useful to define what a software
agent is. Unfortunately, there are as many definitions of an agent as there are types of
agents. Shoham defined agents as:

“a software entity which functions continuously and autonomously in a
particular environment, often inhabited by other agents and processes” [1]

Franklin and Graesser define an autonomous agent as:

“a system situated within and part of an environment that senses that
environment and acts on it, over time, in pursuit of its own agenda and so as to
effect what it senses in the future” [2]

A general definition of software agents offered by Don Gilbert from IBM:

“An intelligent agent is software that assists people and acts on their behalf” [3]

All these definitions define agents in terms of characteristics and attributes which are
necessary to distinguish agent-oriented from other programming models such as object-
oriented and procedure-oriented. The established models are inherently static and change
their state only when responding to function calls or some other means of stimulation.
They do not, by design, have control over when they will be invoked or by whom.

Practitioners are less concerned with definitions and more concerned with what an agent
does and how an agent can be used. They see a potential and are trying to exploit this
because they are faced with increasing demands on the software they are tasked to build.
Practitioners expect a software agent to carry out some task without having to describe in
detail how to accomplish that task. Agents can do this if they carry with them some
knowledge of the context of the task to be accomplished. This is referred to as being goal
oriented. Agents have knowledge of a goal and work towards accomplishing that stated
goal. Alan Kay described an agent system that:

“… when given a goal, could carry out the details of the appropriate computer
operations and could ask for and receive advice, offered in human terms, when
it was stuck. An agent would be a ‘soft robot’ living and doing its business
within the computer’s world.” [4]



Practitioners also expect agents to act autonomously and have some built in measure of
control over their actions and reactions to the environment in which they operate.
Autonomy implies independence and knowledge of the environment. The agent knows
where it is located within the system and knows what are the appropriate actions.
Autonomy does not imply, however, complete and thorough knowledge. When
appropriate, agents should “ask for and receive advice” from human controllers.

Describing what agents are is describing what agents do and what are their characteristics.
It might be helpful to think of software agents as akin to their human counterparts such as
a travel or business agent. They act on our behalf, have knowledge of our needs, have
knowledge of our limitations such as how talented we are, and know what our goals and
desires are. They also have knowledge of what methods are available to attain goals, what
influences they can assert on our behalf, what they are capable of attaining, and when to
seek help such as a travel agent, for example, might consult a consulate regarding travel to
a foreign country.

Simply put, software agents are application programs that exhibit certain characteristics
that distinguish them from other programming paradigms. They are capable of using
existing technology to enhance and add another layer to an otherwise static application.
Agents are autonomous, and sometimes mobile, pieces of software that act towards the
accomplishment of some stated goal. They do so in such a manner as to seem to be
operating “behind the scenes” with little human intervention or guidance.

AGENT CHARACTERISTICS

The following section describes certain characteristics that software agents may possess.
Not all agents have all these characteristics. The inclusion of one or more characteristics
may be essential to that agent depending on its stated goal. The exclusion of other
characteristics may also be essential to that same agent.

Autonomy is a characteristic that allows agents to have some measure of control within
their operating environment. Autonomy implies independence, for instance, an agent
detects an event and acts accordingly without human intervention. Along with
independence comes responsibility, that is the knowledge to act according to some pre-
determined set of rules (perhaps contained in a rule base or some other higher cognitive
reasoning approach), and not to exceed agreed bounds. Given independence, and
responsibility, autonomous systems exercise their control towards some stated goal and do
so in a proactive manner. Within bounds, they pursue a solution or goal using the



independence they are granted in an active manner without “asking permission” from a
human controller. They do so until either the goal is accomplished or is determined to be
unattainable.

Autonomy also implies knowledge of the environment in order to implement control. The
agent knows where it is located, on a client for example, and knows what actions it is
allowed to perform given these surroundings. The agent must also know its own state and
should be able to make decisions, given this state, to accomplish the assigned goal. If
unable to attain the goal the agent should have the ability to report back to the human
controller and, perhaps, move to another state from which it will be able to attain the goal
given its knowledge of the environment.

Agent communication skills is the ability of agents to report and exchange information
required to accomplish the stated goal. An agent must be able to communicate with the
user at a minimum, and with other agents when necessary. Communication with the user is
essential if the agent is unable to attain the goal or has come up against a barrier which
cannot be overcome internally. Communication with other agents may be required if a
collaborative effort is needed to achieve the stated goal. Other reasons for communication
skills are if changes are required such as a change in event priority, a plan of action, or
operating schedules.

Autonomy and communication skills are central to the effectiveness of a software agent.
Without autonomy an agent is powerless to exercise its obligation to act as a problem
solving mechanism. Without communication skills an agent is muzzled in its responsibility
to report back to the user and/or collaborate with other agents to achieve its goal.

Agents may need to collaborate to attain the stated goal. These efforts can be as simple as
“I’ll do X when you do Y” to more elaborate efforts such as adjusting receivers after
gathering environmental data. All these efforts have in common the ability for one agent to
communicate with other agent(s). The de facto standard for agent communication is
Knowledge Query Manipulation Language (KQML) which is both a language and
protocol. KQML is being used as a medium since agents are being developed in a variety
of languages. Information on KQML can be found at several web sites such as
http://www.cs.umbc.edu/agents/.

Mobility is the characteristic needed by agents to move from one platform to another
working towards a directed goal. Mobility may or may not be an operative characteristic
depending on the arena which the agent is used. In some applications the ability of an



agent to move, from client to server for example, may be crucial to the agent being able to
carry out its assigned task. In another application the agent may spend its entire life
residing on the client. Mobility assumes the agent is written in such a way, and in a
language, that it can operate on a variety of platforms and in a variety of environments.
Mobile agents can be constructed so as to reduce the bandwidth from a traditional
client/server transaction. When the client needs data, or some sort of access, it can be
made to migrate to the server, complete the transaction, then return back to the client.

Other attributes which an agent may possess are: reactivity (the ability to sense the
environment and act), temporal knowledge (the ability to know ones state and identity over
a period of time), and learning (the ability of an agent to learn and improve).

When combined, these agent characteristics have the potential to create powerful new
application programs which, while adding a layer of complexity to the program, will at the
same time expose new problem solving potential.

AGENT APPLICATIONS

Agents are being used in several areas. In some cases they are an integral part of the
process, while in other cases they are part of an on-going test process. In either case,
software agents are being used to tackle difficult software applications. In this section I
present a few different application areas where software agents are being used today.

In Australia, at Sydney airport, a system called OASIS is undergoing tests. Within this
system multiple agents represent aircraft and the air traffic control system itself. How the
system works is when an aircraft enters the Sydney airspace, normally within a few miles
of the airport, an agent is assigned to that aircraft. This agent may be running its own
thread. Once assigned, the agent gathers knowledge of the real aircraft’s goals which are a
part of the planes flight plan. This information is made up of the planes tail number, people
on board, fuel on board, destination, etc.. Given a goal, such as to land at Sydney, the
aircraft’s agents are responsible for collaborating with other agents (representing other
aircraft), and agents representing the air traffic control system, to bring the plane in safety.
This system is being fulfilled using the Belief-Desire-Intention (BDI) model.

In the medical field software agents are being used to monitor patients. The idea behind
this application is patients are more likely to prosper when a team of specialists are able to
share and exchange vital information about that patient relative to their field of expertise.
Close monitoring is needed but not available by specialists. The nursing staff is able to



monitor patients closely but they do not have the expertise of the specialists. The role of
the software agents is to distribute the information. Agents are organized into a hierarchy
and the system as a whole is based on the blackboard model.

The blackboard model is where agents have certain information. They “write” this
information to a common data structure or blackboard. Other agents check the blackboard
for information they need and are capable of processing. When they find something they
take that information from the blackboard and use it as they are designed to do. In this
application patient information is shared among those doctors and nurses which need the
information when they need it.

The entertainment area is also using software agents. Test projects have been setup for a
user to interact with agents who play the role of actors in a movie. Humans interact with
agents in which agents carry on a “dynamic narrative” with their human counterparts.
These projects are an on-going development because agents are not at a point where they
can carry on a conversation in a dynamic fashion.

NASA is using agents, on a restricted basis, to control their Deep Space 1 spacecraft, part
of their New Millennium Program. Their approach uses an agent of the ground team on-
board the spacecraft. This agent carries information on the high level goals. A planning and
scheduling agent uses these stated goals, and knowledge of the spacecraft, to generate
either time or event based events. These events are sent to the executive agent which
distributes them to the appropriate system, such as thrust.

Because of the time involved in getting information back to the ground station, finding a
solution to a problem or determining the correct set of commands, then sending those
commands back to the spacecraft, using software agents is a viable option.

SUMMARY

This paper discussed agent description, characteristics, and their application. Agent use
can be beneficial to the designers, engineers, and especially the software application
programmers when they are faced with writing increasingly complex programs. Although
not the “silver bullet” which has been promised, agent technology does take the state of
the art a step forward. It does address dwindling bandwidth, learning technology, and can
use certain algorithms in an effective manner to create powerful new software programs.
Software agents are a viable option available to the industry today.
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ABSTRACT

In the commercial marketplace, Java has emerged as the preeminent standard for
platform-independent application development. Many reasons for this include platform
independence, robustness, effective distribution models, security effectiveness, and a rich
set of application programming interfaces (APIs). This paper will provide insight into the
design of the Java platform as it relates to the development of telemetry systems. Specific
elements of Java will be explored to better understand how to take advantage of a Java
platform. The paper will conclude with examples showing Java's effectiveness on overall
software development and deployment, the benefits of reduced new code
implementations, and how deploying this unique software platform will change the
software paradigm in the real-time environment.
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INTRODUCTION

Implementing new commercial software standards such as Java into telemetry processing
systems will have many lasting effects. As telemetry and space applications move rapidly
toward the global marketplace, the need to provide robust and cost-effective software
solutions for high-performance real-time acquisition and processing systems is vital.
Using platform-independent software based on commercially available standards is one
of the most effective ways of leveraging technology across multiple platforms.

This paper will provide insight into the Java platform architecture for telemetry and space
system design. Specifically, the paper will examine five key areas of a Java platform: the
language, the runtime environment, the security model, the networking API, and



performance. This paper will show that Java is much more than just another
programming language. It will show that key features in the Java platform architecture
will benefit overall software development and deployment by reducing new code
implementations. By using this unique software platform, Java will change the software
paradigm in the real-time environment.

LANGUAGE

The Java language is the core component of the platform that lays the groundwork for
many platform-independent features. Java, as a language, offers much more consistency
and robustness to the architecture. Java derives its heritage from C and C++, but the
reasons why C and C++ are not successful in fulfilling the Internet needs of the new
software paradigm is due in large part to multiple implementations on different platforms.
Unlike C and C++, which is subject to operating system (OS) interpretations and multiple
standards, Java solves the problem by standardizing language definition, syntax, and
APIs across all platforms.

For instance, Java guarantees a standard size for all its primitive data types. This means
developers no longer need to worry about whether an integer is 16 or 32 bits and whether
it is signed or unsigned. Java only supports signed primitive data types. Thus, by
standardizing features and syntax, Java ensures there will be no more ambiguities in
regard to whether multiple inheritance, templates, and exception handling are supported.
Additionally, the Java language provides an extensive and consistent set of standard APIs
for handling graphical user interface (GUI) development, networking, and database
access to name a few. With the standardization of these APIs across all platforms,
developers only need to learn one set of APIs. In contrast to the Java language, using C
and C++ means developers have to learn APIs for networking and GUI development
specific to each platform. Standardization on the Java language means developers are no
longer burdened with writing code to deal with platform differences. Instead, developers
can focus on developing the application.

In an effort to make Java more robust, Sun made exception handling part of the Java
language. Adding exception handling directly to the language ultimately made the
application more robust because it forced developers to deal with error conditions. It also
provided a clean way for developers to write error-handling code without confusing the
logic flow of the code.

But the real benefit of exception handling is the opportunity for real-time applications to
handle errors more gracefully than coming to a sudden halt of the runtime application. In
the worst case, an operating system can crash from an error as trivial as not being able to
write to a file or overstepping an array boundary. Handling exceptions is, of course,
critical to the implementation of a telemetry or space application. At the very least, real-



time telemetry or space applications should trap for all exceptions at the application level
to prevent catchable errors from crashing the system at runtime.

DIRECT MEMORY ACCESS

Another decision made by Sun to help the Java platform be more secure and robust was
the removal of direct memory access. Essentially, the Java language simply removed the
notion of a pointer and disallowed pointer arithmetic. All memory access is indirectly
done through object handles. Sun discovered that supporting direct memory access by
other programming languages often turns out to be the most problematic area and was a
source for many bugs. In fact, a whole cottage software industry grew out of the need to
address these problems. Software studies have been conducted, and 50-70% of all bugs
can be attributed to pointer arithmetic and allocating and freeing memory. Even if we
assume the more conservative 50% estimate, it is worth knowing that using Java to
develop a telemetry application could reduce the number of bugs by as much as 50%.
Telemetry applications also benefit from a security standpoint. By not supporting direct
access to memory, Java prevents hackers and inadvertent users from snooping and
corrupting memory. Unfortunately, other programming languages like C or C++ cannot
make the same claim.

RUNTIME

At the heart of the Java platform's runtime architecture is the Java Virtual Machine
(JVM). The JVM is a software component of the Java platform that serves as a runtime
interpreter, a memory manager, and a security enforcer. Aspects of the security enforcer
in the JVM will be discussed in the Security section. In this section, the focus will be on
the runtime interpreter and the memory manager.

Java applications do not run directly on the user's machine. Instead, the JVM acts as the
intermediary to translate bytecode instructions for a virtual processor to native platform-
specific instructions. This feature of the Java platform gives Java its most powerful
feature, runtime platform independence. A telemetry system software solution, using the
Java platform, will be capable of running on over 90% of the machines in existence
today, and more importantly, over the Internet. This is because Java is supported on many
of the most popular platforms and Internet browsers today, and the list is growing.

The Java runtime/JVM also supports runtime memory management. It was mentioned in
the last section that the Java language does not support direct memory access. The Java
runtime function actually goes a step further in memory management. Part of the Java
runtime function is a background thread called the Garbage Collector. The Garbage
Collector thread keeps track of all the indirect memory allocations via object
instantiations. It works in the background as a low priority task to automatically reclaim



memory resources that are no longer being used. This completely frees the software
developer from having to deal with memory de-allocation because the Garbage Collector
is doing all the cleanup work. Ultimately, this will help reduce the amount of memory
leaks in the system.

SECURITY

Unlike other languages, Java is the only one designed to deal with security issues. The
architects of the Java platform had the safety of the global community in mind when they
defined their implementation of the platform. This ensured that the security features were
tightly coupled to the development of the Java platform. If Java is capable of protecting
millions of Internet users at large, it should be trusted to handle security in the real-time
telemetry and space application environment. At the very least, it provides the best
solution today.

Java handles both compile time and runtime protection; whereas most other languages
only provide compile time protection. At compile time, the Java compiler checks to make
sure that programs do not try to access arbitrary memory locations and that memory
access is done through object handles. The Java compiler also validates that variables
have been properly initialized before they are used. In the runtime environment, the JVM
acts as an intermediary between the Java binaries (bytecode) and the native OS and
verifies that the bytecode being loaded is free from viruses prior to execution.

Because of JVM's indirect execution of bytecode, it protects private system resources
from illegal access. The security mechanisms are built directly into the language and Java
platform. The core Java API will consult the Security Manager for permission to access
system resources at runtime. The public interfaces of the Java API shield developers from
knowing that the Security Manager is working behind the scenes. At runtime, the JVM's
Security Manager component acts like a policeman and enforces the currently configured
security policy. It prevents illegal access to memory, file system, or custom resources.
For example, a security policy can be configured and enforced by the Java runtime
system to protect users from inadvertently modifying a telemetry database. The security
API can be used to extend protection to custom resources like a decom, a bit sync, or a
ranging board. The security files are easily configurable text files that can be easily
maintained by a system administrator. There is no need to modify or recompile source
code just to change the security policy. Best of all, the Java platform provides the ability
to set a security policy in the runtime environment that can be customized to each
individual user. This is perfect for a telemetry or space system because often multiple
levels of access are necessary not only for security reasons, but also to protect system
integrity. For instance, in a telemetry system, a system administrator may be granted all
access privileges; whereas a normal user may only be granted access to view telemetry



data. In this scenario, the administrator can do all the necessary setups in preparation for
a mission and not have to worry about casual users accidentally reconfiguring the system.

NETWORKING

In today's telemetry and satellite markets, the overall system environment is becoming
more and more heterogeneous. As telemetry and space markets continue to grow to
support the global community, the main challenge becomes interconnecting these
heterogeneous systems to the larger networking community. This includes local area
networks (LANs) and wide area networks (WANs) as well as Intranet and Internet
networks.

Heterogeneous solutions in the past involved designing complicated new protocols on top
of TCP/IP, and because of platform differences in the representation of data, developers
often have to deal with issues of rearranging the data (byte swapping). Even though Java
provides a rich set of networking APIs that includes support for low-level network
protocols like TCP/IP and higher level protocols like HTTP and FTP, the best solution
for new application design is to use remote method invocation (RMI). RMI is similar to
remote procedure calls (RPC) offered by other platforms. Both offer public networking
interfaces that resemble making a local function call. In fact, the users of these APIs are
precluded from having to know anything about how the data is packaged for network
transfer. To the end user of the APIs, it is exactly the same as making a local function
call. The difference between RMI and RPC, however, is that Java RMI is much easier to
use, it is platform independent, and it supports object-oriented programming. RPC
implementations, on the other hand, are platform specific and do not support objects. For
example, RPC implementation on the PC Windows platform is different from the UNIX
platform implementation. In order to connect the two systems without Java, the developer
must resort to the method of designing a proprietary protocol on top of TCP/IP.
Networking systems using Java RMI is a perfect fit for large telemetry and space
applications because it makes a heterogeneous network of machines and systems appear
homogeneous. Basically, RMI can be used to connect all the JVMs running on different
machines and make them appear as one unified system.

Another benefit to the Java platform architecture that is network related is the new
software distribution model. In the age of telecommunications, systems must be remotely
monitored and controlled. From its inception, the Java platform has always provided a
new software distribution model via applets. Applets are applications downloadable from
the Internet that are capable of connecting back to the server for services. This software
distribution model is perfect for the mobile application users of the telemetry system and
for remote operations in space applications. The latest code can always be downloaded
via the Intranet or Internet, eliminating the headache involved in installing and re-
installing software. As soon as the latest software is available, it can be downloaded and



executed inside of a browser. This capability makes it possible to support telemetry and
space systems worldwide.

PERFORMANCE

Probably the biggest criticism of Java by skeptics is performance. What critics of Java
fail to realize is that Java applications do not always have to be exclusively executed in
an interpretive environment. It is true that the Java binary file is not a native executable.
In fact, Java binary files contain instructions (bytecode) for a virtual machine (software
machine). In other words, another piece of software, the virtual machine (VM), is busily
working behind the scenes interpreting the bytecode instructions as native instructions.
However, this does not mean that a Java compiler cannot compile Java source into a
native executable file that can be loaded by the native OS and executed like any other
native executable. In fact, most integrated development environments (IDEs) for Java on
the market today support the generation of native executables. This means that entire
telemetry systems can be compiled for multiple target platforms into native applications,
which essentially makes the performance issue a moot point.

Sun and independent third-party partners are working feverishly on trying to improve
Java’s runtime performance. Sun has come up with a runtime optimizing VM technology
called HotSpot™, which profiles code at runtime and optimizes performance deficient
areas (hot spots). Sun claims the performance will be equal to natively compiled C or
C++ code.

Another very popular solution to address the performance problem is the Just in Time
Compiler (JIT) compiler. A JIT compiler is essentially a virtual machine that will
compile bytecode into native code at load time so that it can achieve better performance
at runtime. Both solutions have their drawbacks. With the HotSpot technology, the
profiler is yet another thread competing with the application for processor time. The JIT
compiler’s drawback is that it is slower to load. Neither one of these disadvantages
outweighs the benefits of using the Java platform. Besides, as previously mentioned, one
can always compile Java code to a native platform executable, which makes performance
a non-issue.

Java Runtime Performance Benchmarks
Figure 1 shows benchmarks performed on four different Java runtime environments: Sun
JDK VM, Sun HotSpot VM, Symantec JIT VM, and Native. The tests were conducted on
a PC running Windows NT and consist of timing Java's disk input/output capabilities.
The tests were executed 100 times, and the average is shown on the graph.

As expected, the best performance is when Java source code is compiled natively into a
platform-specific executable and is then executed as a native application. The only
drawback is that the binaries are no longer platform independent. Because real-time



performance is often critical to a telemetry or space application, compiling Java natively
presents the best option. This does not mean that other components of a telemetry system,
which are less dependent on performance and require more flexibility, cannot still rely on
VM technologies. For instance, mobile or remote users should be able to download client
code from the Internet and execute it using the browser’s VM technology. Besides, the
Java source code is still platform independent and can be compiled for other target
platforms.

Not far behind in performance is Symantec's JIT™ VM technology. According to the
data, there was only a 10-millisecond difference between the natively compiled Java
application (EXE) and the Java bytecode executed using the JIT VM technology. Of the
three VM technologies, the JIT VM presents the best solution in performance. But
because it is a third-party VM implementation, it is not free like Sun's standard Java
platform VM or Sun's HotSpot VM. Considering the overall costs of a telemetry system,
the cost for JIT VM technology should be negligible. It should be noted that JIT
technologies, in general, may not be supported on all platforms. However, there are
numerous third-party vendors working hard to provide JIT solutions on all platforms.

Surprisingly, Sun's HotSpot VM technology did not perform well in the benchmarks. In
fact, the tests show that the HotSpot VM technology has less than a 1 millisecond edge
over the standard VM platform. This could be attributed to the length of the tests and the
limitation in the scope of the test to disk I/O. Longer tests might have given the runtime
profiler in HotSpot more time to identify problem areas. Also, to be more thorough, the
tests should be expanded to include benchmarks on networking and graphics. Sun's
HotSpot technology is still relatively new so it may take some time for us to see the real
potential of this technology.
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Figure 1.  Java Runtime Benchmarks



CONCLUSION

Today's telemetry and space markets present an array of challenges. These challenges
include supporting multiple platforms, interconnecting systems in a variety of networking
environments, supporting legacy systems, and providing for ease of expansion. This
paper showed that the Java platform successfully addresses all these issues and presents
itself as the most viable platform for deploying telemetry and space solutions. Following
is a summary of Java’s benefits for telemetry and space applications.

1. Customers today are looking for ways to balance the cost and performance of a
new system. As long as the system provides a path for upgrades, the design of a
new system can have a mixture of platforms to match the needs of different users.
For example, with the PC industry continuing to blaze a trail in price/performance,
one possible solution might be to create a telemetry system that combines PCs and
high-power workstations. The common system users can use PCs for real-time data
monitoring, and the more sophisticated system developers can use the high-power
UNIX workstations to do database development and real-time telemetry data
processing. PCs tend to be more cost-effective and are more than capable of local
processing at reduced data rates. What’s more, PCs are much easier to use.
Additionally, there might be requirements to support field engineers in remote
locations. In this case, the telemetry software can take advantage of the new
software distribution model. Java was specifically designed to support the new
software distribution model, and this model is perfect for client applications that
can be downloaded from the Internet and executed on PC laptops. The ability for a
telemetry system to successfully support this mixed environment is due in large
part to Java's platform-independent architecture at the language level and the Java
runtime environment.

2. Using Java does not compromise performance. In fact, there are a variety of VM
options to maximize performance in deploying real-time telemetry applications.
The various options can also be mixed and matched according to system
performance requirements and the needs of the user. For example, using the
previously mentioned scenario, the server application code for real-time telemetry
data processing can be compiled into a native application to optimize the
application for runtime performance on the server. Yet, mobile users can still
download client code in the Java platform’s independent bytecode format from the
Intranet or Internet. This code can be executed inside an interpretive runtime
environment. Sun and third-party vendors are committed to continuing to improve
the performance of the Java runtime environment. Meanwhile, system users can
easily update their runtime environment to take advantage of emerging
technologies as they become available.



3. Java is the only platform designed with security provisions. The Java security
model is highly configurable and can be easily extended to support custom
resources and custom security policies on a user-by-user basis. With the addition of
exception handling and the removal of direct memory access, telemetry systems
should experience more stability, and the likelihood of a system crash at runtime is
minimized.

In conclusion, the real benefit of the Java platform is flexibility. A Java-based telemetry
or space solution will provide the best value and extend the longevity of any telemetry or
satellite system. Code can be written once and can be compiled for multiple target
platforms without additional porting. Companies can then better focus engineering
resources to improve the product and add features. Using Java also means companies can
maintain one code base for their products, which will result in less development time, less
testing time, higher quality software, and faster time to market. And so, with proper
distributed application design techniques, high performance, scalable, and flexible
systems can be achieved with Java.
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ABSTRACT

Engineers at Sandia National Laboratories are combining entertainment industry software
with traditional data collection techniques to create an interactive visualization tool called
TeleKnoSysTM. By replacing the usual flight simulator joystick with a telemetry data
stream, experimental data is combined with existing three-dimensional (3D) engineering
models. Users are immersed in their experiment, allowing interaction with and
comprehension of complex data sets. Leveraging commercial software with existing model
sets enables quick, cost effective development. Results from real-time flight tests will be
presented.

INTRODUCTION

Telemetry at Sandia National Laboratories focuses on gathering information from
inaccessible flight test bodies such as satellites, space reentry vehicles, aircraft-delivered
bombs, and earth penetrators. We help our customers acquire, process, protect, transmit,
receive, and display scientific and engineering data using sensor-based information
systems. Increased transmission rates from complex sensors are yielding ever larger data



sets. Presenting results from these experiments as traditional numerical lists or two-
dimensional plots is non-intuitive and time consuming.

TeleKnoSys™ (from telegnosis, which means distant knowledge) changes the way that
analysts, engineers and scientists explore and understand complex data sets. Telemetry
data is fused with 3D solid models in an interactive pseudo-real environment that immerses
users in their flight tests. Data viewed in its experimental context can be understood more
quickly and more completely.

Combining commercial visualization and data acquisition software with mission specific
analysis code allows us to generate rapid, cost effective data visualization applications.
Figure 1 shows telemetry data merging with solid models in a three-dimensional
environment that presents flight test data in its experimental context.

Figure 1: TeleKnoSys Overview

We generate two families of flight test visualization tools, real-time and postflight.
Although well-established software processes ensure that 90% of the underlying C code
services both tool sets, their time response requirements and use scenarios require two
separate executables.



The main requirement for the real-time system is to keep up with the incoming data, so the
application’s response time must be deterministic. A combination of operating system
priorities and timers coupled with UNIX signals control the data collection application.

Postflight applications can analyze and store TM data before the user begins visualizing
any data. This frees computing resources that can be applied to draw at faster rates.
Preprocessing also lends itself neatly to fast forward, reverse, pause, slow, fast, and single
step playback of the data, which allows a more in-depth study of the flight data.

This paper focuses on a space application that deploys an instrumented target from a
missile bus. The target telemeters data from three orthogonal rate sensors, and this data is
processed to derive vehicle orientation. The test vehicle has no position sensors, so its
trajectory is simulated before the flight.

ENGINEERING DATA

Sensor-based measurements are digitized and then formed into a standard PCM bit stream,
which is securely transmitted to a receiving ground station. The raw data is recovered
using AP Labs’ VMEstation Telemetry System (VTS). VTS provides basic I/O and
processing hardware (e.g. bit synchronization and decommutation cards) and a real-time
operating system which is setup and controlled by graphically based software. When
creating a real-time system, the data is converted to engineering units (in VTS) using
known calibration data and transmitted over a local area network (socket based) for
analysis and visualization. When creating a post-flight system, the raw data is stored by
VTS to a hard disk drive, then undergoes a sophisticated, time-intensive analysis using
specialized software, prior to visualization.

ENGINEERING MODELS

The 3D representation of a typical flight test utilizes solid models to depict the test vehicle
and other mission specific objects. These models are positioned within an area-of-interest
(terrain database models), and together these model sets describe the virtual scene for the
data visualization.

Terrain database models represent test environment image and elevation data that are
specific to the flight test area-of-interest. This model representation is generally static or
fixed; thus no positioning is required.



SOLID MODELS

Sandia National Laboratories uses Pro/Engineer (Parametric Technologies) as its standard
mechanical design software. Leveraging existing model sets is essential for rapid
application development, but typical Pro/E solid models are detailed and complex. The
solid model of a machined housing may be constructed from tens of thousands of
interconnecting triangles, or polygons. The total number of polygons in a typical run-time
application range from 2,000 – 40,000 polygons, so it is not feasible to use complex
models without significantly reducing the polygon count. Polygon reduction degrades the
visual quality of the models, but simple, photoreal objects can be generated by applying
photographic images (texture maps) to low polygon models. These models can be
positioned in a run-time database without degrading the frame-rate. As computer and
graphics capabilities improve, model complexity can be increased. When possible, non-
Sandia specific models are purchases from commercial companies that develop run-time
models for a wide variety of military applications.

TERRAIN DATABASE MODELS

Terrain database models can be generated using existing topographical models that
combine a wireframe shape with overhead imagery. Terrain resolution (i.e. 1 km, 100 m,
10 m) is selected depending on database size and frame-rate requirements. Image file sizes
can be extremely large, so tools that limit terrain calculations to the visual area-of-interest
are required to traverse large terrain databases.

REAL-TIME VISUALIZATION APPLICATION
This real-time telemetry application relies on a multi-tasking operating system (Silicon
Graphics IRIX6.5.3) to manage three asynchronous processes and the shared memory
through which they communicate (see Figure 2). The TM Process (TMP) captures
decommutated data, derives physical observables from remote sensor measurements, and
writes the results in the Tm-to-Vis shared memory segment. The User Interface Process
(UIP) coordinates user inputs from the mouse and keyboard and updates the UI-to-TM and
UI-to-Vis shared memory segments. The Visualization Process (VP) uses terrain and solid
models to initialize the 3D database and draws the experimental scene based on TM data
and user commands read from shared memory.
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Figure 2: Run-time Application Diagram

The screen capture of a space telemetry application (see Figure 3) shows the basic
elements of a TeleKnoSys™ display. The Control Panel is generated and monitored by the
UIP and allows the user to select the data acquisition mode, activate/deactivate the
symbology (or Data Presentation) window, attach the observer to different flight objects,
and control the observer’s position and orientation. The Data Presentation window is
controlled by the VP and presents mission specific data and TM data quality. The Data
Visualization window, also controlled by the VP, shows the 3D experiment as it changes
in time.



Figure 3: Screen-Capture of a Space Telemetry Application

USER INTERFACE PROCESS (UIP)

X-Designer (Imperial Software Technologies) is used to layout the GUI and to generate
Motif-based code for displaying the Control Panel. Application-specific callback functions
are attached to each GUI button during layout, and these functions are activated when the
buttons are pressed. For example, pressing the zoom-in button updates the UI-to-Vis
shared memory segment, which signals the VP process to move the observer closer to the
user-selected test object.

TELEMETRY PROCESS (TMP)

Mission time is divided into “frames”, which corresponds to the telemetry major frame
period in this case; in other applications we have used minor frames or visualization draw



rates. Flight data that is simulated before the mission, such as trajectories, starts at lift-off
and increments by the frame time.

When the TMP is executed, it loads simulated trajectories into shared memory and
attaches the TCP/IP socket that allows communication with the decom-system.

The mission specific TMP reads user inputs on initialization and waits for a start signal at
lift-off. After receiving the start command, the system poles a TCP/IP socket for incoming
telemetry data. This poling time is small compared to the major frame time to reduce
timing errors. Beginning with the first major frame received, the TMP repeats a loop that
performs two main tasks:
1) Acquiring telemetry data and assessing data validity,
2) Analyzing TM data and updating shared memory.

ACQUIRING TELEMETRY DATA AND ASSESSING VALIDITY

When the first data packet is collected, its subframes are marked as valid, it is time
stamped with t = 0 sec, it is saved to disk if requested, and it is stored in a data structure
for analysis. The socket is then polled at major frame time intervals (tmf), and the above
process is repeated as long as data is available.

If the socket contains no data when it is polled, then all subframes are marked as invalid,
the time stamp is incremented by tmf, and zeroes are saved to disk and written into the
analysis data structure. This process is repeated until a valid major frame is captured.

The first data packet received after an empty socket requires special processing. Because
the AP Labs only transmits full major frames without time-tagging minor frames, the time
span of the transmitted major frame is unknown. For a long dropout, the time difference
between the first minor frame and the last minor frame in a data packet could be seconds
or longer. Therefore, only the last (most recent) subframe is treated as valid and preceding
subframes are marked and treated as invalid.

ANALYZING TELEMETRY DATA AND UPDATING SHARED MEMORY

The TMP controls the position and orientation of objects seen in the Data Visualization
window and the numbers presented in the Data Presentation window shown in Figure 3.

The test vehicle position is updated based on preflight trajectory simulation, and its
orientation is derived from on-board rate sensors. For frames that contain valid telemetry
data, Euler transformations convert rate sensor data into body orientation. If the telemetry



data is invalid, the last valid body orientation serves as the initial condition for a rigid body
motion simulation. The simulation is halted when valid rate sensor data is acquired.

Values for vehicle dynamics gauges (coning angle, coning rate, spin rate) are calculated
from body orientation, and TM data is converted into battery voltage. The valid/invalid
data flags are used to tally frames dropped and % frames captured. Each mission discrete
corresponds to a single telemetered bit, and the time that each bit toggled is reported in
seconds.

After the analysis results are placed in TM-to-Vis shared memory, and the mission current
frame parameter is incremented and the data will be drawn to the screen. When the TM
major frame rate is faster than the draw rate, current frame will update more quickly than it
can be drawn and not every frame will be seen. If the TM data rate is slower that the draw
rate, a single frame of TM data will be repeated.

VISUALIZATION PROCESS (VP)

After the visualization engine creates the virtual environment in which an experiment is
viewed, it enters a loop that repeats the following functions:

1) Responding to user inputs and mapping physical measurements onto Vega behaviors,

2) Drawing an image to the screen.

CREATING THE VIRTUAL ENVIRONMENT

Vega (MultiGen-Paradigm) provides a scene generation tool called LYNX for configuring
an initial database that includes terrain, object models, gauges, and lighting parameters.
This intuitive interface allows setup and control of all objects and interfaces controlled by
the run-time application. The database configuration is captured in an Application
Definition File (adf) that is read when the VP is initialized.

RESPONDING TO USER INPUTS AND MAPPING VEGA BEHAVIORS

The VP responds to user inputs by polling shared memory for flags set by the UIP, such as
repositioning the observer by zooming-in or attaching to a different test object. Since the
UI-to-Vis shared memory is polled only after a frame is drawn to the screen, the real-time
application responds to user commands at the frame draw rate.

After checking for user inputs, the VP queries the TM-to-Vis shared memory for the
current frame number. The frame number corresponds to a unique mission time and



synchronizes data from different sources. Based on the current frame number, the VP
retrieves position (latitude, longitude, elevation) and orientation (heading, pitch, roll)
values from shared memory for each dynamic object and assigns those values to the Vega
structures for each object. The earth model and vehicle position coordinates are scaled-
down by a factor of 1000 to avoid image jitter associated with calculating millimeter scale
positions at geocentric distances of 6 x 106 m.

The VP also assigns data values to all portions of the Data Display window (event times,
data quality, and gauges). Discrete events, such as a test vehicle separating from its
delivery system or gas jets firing to orient a missile bus, can be triggered by monitoring
frame-time or by monitoring a TM data channel.

DRAWING AN IMAGE TO THE SCREEN

After all the database attributes have been set (e.g. test object and observer positions and
orientations), a Vega function call calculates the scene as viewed by the observer. Another
Vega function draws the image to the screen. The Vega functions can be traced to their
Open GL roots for custom applications, but this is rarely necessary.

RESULTS

Our test mission is an instrumented space vehicle with a 250 MBPS PCM telemetry link
and an 18.432 ms major frame period. The vehicle has three rate sensors whose values are
transmitted twice during each of 8 minor frames.

The APL system continuously decommutates the data stream, applies encoder gains and
offsets, and sends a major frame worth of data across a TCP/IP socket to the real-time
application.

The TM process runs on a dedicated R10000 processor running at 250 MHz. It collects
data, analyzes it, and writes the results to shared memory in ~3 ms. This indicates that a
much more substantial analysis could be performed without taxing the system.

The VP and UI share a single R10000 processor running at 250 MHz and can maintain a
draw rate of ~15 Hz for the 23,000 polygon scene shown in Figure 3.

CONCLUSION

Flight test vehicle telemetry can be visualized in the field using existing dual-processor
desktop computing technology. Our results show that processor speed allows more robust
sensor analysis techniques, like Kalman filtering. In this case we used only 15% of the



analysis time available within each major frame. The 10-15 Hz visualization rates that are
possible with scenes that contain tens of thousands of polygons are too slow for state-of-
the-art flight simulators, but provide a wealth of information from real-time flight vehicles.

A newer version of the APL decommutation system can time-tag minor frames, which
minimizes data loss. Specifically, we can use all of the minor frames in the first major
frame collected after a dropout. Sending sporadic minor frames as they are collected may
help fill the data gap associated with large dropouts, but an unbuffered data collection
scheme reduces the time slice available for data analysis.

To avoid a scaled earth model and single precision vehicle position image jitter, we are
implementing Vega’s Large Area Database Manager (LADBM), which provides double
precision position calculations and can dynamically shift the database origin to a local
area-of-interest.

As computers and graphics accelerators continue to increase in speed and power, and
Telemetry System development gets increasingly more complex acquiring tremendous
amounts of data, interactive 3D visualization tools will become essential in the
understanding of these data sets.

Sandia is a multiprogram laboratory operated by Sandia Corporation, a Lockheed Martin
Company, for the United States Department of Energy under Contract DE-AC04-
94AL85000.



SOFTWARE RADIOS APPLYING TO THE DGPS TRANSCEIVERS
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ABSTRACT

To make the DGPS data link can be easily modified and updated, the ‘software radio’
technology becomes a logical architecture choice applying in a DGPS transceiver. This
paper will discuss the system architecture and the key technology of software DGPS
transceiver, which will become a multi-band and multi-function transceiver. It will
operate at the uniform hardware platform to realize two receivers’ functions  both the
GPS receiver and the data link receiver (or transmitter). Then, this paper will give the
design and implementation of the transceiver. Finally, it will demonstrate the simulation
results of the system.
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INTRODUCTION

Software radios is a new concept that was put forward several years ago in wireless
communication systems. Its essence is rest with digitizing signals as possible as closer to
the RF front-end, at RF or IF band; replacing the conventional ASIC or low speed
DSP/CPU with high speed DSP/CPU. Consequently, all basic wireless communication
functions are implement by software and the bondage of hardware in wireless
communication systems is relieved. Software radio defined architecture is a synthesis
concept, it is based upon the technologies of wideband ADC, high speed DSP and
wideband antenna. Universal software radio architecture in mobile communication
system is shown in Figure1.



We are mainly studying software radio applying in the differential GPS (DGPS) data link.
Although DGPS is the future development trend, its practicality is restricted with the
following two limitations:
      • DGPS receiver which is more complicated than universal GPS receivers are
            demanded
      • a lot of agreements, standards and procedures need to be prepared and adopted by

international organization
Therefore, during the transition period and future development period, it is a reasonable
choice that implements DGPS transceiver. Software DGPS transceivers have many
advantages: to reduce the investment cost; to realize operational savings through lower
weight, power, and size; to adapt to the development of existing and future standards.
Meanwhile, the software programmability increases the system flexibility and provides
interoperable ability between different systems. Based upon the communication systems’
design are alike, the software radios technology which is applying to the DGPS
transceiver may also migrate into the transceivers of other wireless communication
systems.

ARCHITECTURE AND INPLEMENTATIONS OF SOFTWARE DGPS
TRANSCEIVER

A traditional DGPS transceiver is implemented by separate both software and hardware.
These architectures are inflexible and hardware intensive with generally high cost and
low reliability due to the size, power, and weight limitations. If assuming that the
modulation and demodulation functions in wireless transceiver can be re-operated by
software, a flexible and fine architecture can be realized. Besides, through multiband RF
front-end, it can increase the software programmability of GPS digital receiver. Thus,
software DGPS receiver can be integrated with programmable digital GPS receiver.
Future modern electronic battle will be benefit from this kind of integrated receiver, and
this kind of receiver can also be used in other fields, such as exploration and mapping.
Figure 2 is the conceptual view of a ‘software radio’ that can support multiple
applications of modulation schemes. The RF front-end can be changed, the transceiver
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could be reconfigured either by embedding multiple software modules for each
modulation scheme or by downloading software. Therefore, this kind of transceiver is
called ‘programmable software transceiver’. For example, when the RF frequency range
for two GPS land data link are in the antenna receiving range, by executing different
software based on the modulation scheme, dual use can be made of this receiver, saving
airlines significant cost.

In a DGPS transceiver, we introduce DSP technology and realize modulation/encoding
during transmitting message and demodulation/decoding during receiving message by
software. Software implementation sequence is shown in Figure3 and Figure4.

Figure3 Software digital encoding and modulation
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Figure 3 is the software block diagram of digital encoding and modulation. The input
data stream first is encoded with Forward Error Correction (FEC). Because it is harmful
in transmission that data has been all ‘0’ or ‘1’ for a long time, the bit scrambling is
adopted. A simple realization of bit scrambling is that the transmitted data stream
exclusive-or with pseudonoise stream, the full ‘0’ or full ‘1’ state are eliminated. This is
helpful to clock recovery and adaptive equalization. Then the data stream is modulated. If
is M-ary PSK(MPSK), the modular can also provide a serial to parallel converter to allow
for selection of the delta phase based on q (2q=M) consecutive bits. Modulated signal is
upconvertered to about 10MHz by NO, then output to DAC.

Figure 4 is a detailed block diagram of the software architecture for digital modulator.
The adaptive demodulation is achieved according to different signal modulation’s
characteristic. In order to reduce the effects of intersymbol interference (ISI), the
equalizer is used. The output of the equalizer is compared to the nearest state and the
difference is used to update the equalizer coefficient matrix.

For the sake of reconstructing the input data stream, the descrambler is used. The detailed
operation is that PN code is exclusive-ored with the received signal starting with the
reserved symbol. Then FEC decoding is carried out.

Based on above-mentioned architecture modular of software DGPS transceiver, we
simulated the system by software. In this system, the modulator/demodulator and
coding/decoding modular can be changed easily., the transmitting rate can also be
effectively specified by software.

KEY TECHNOLOGIES OF SOFTWARE TRANCEIVER

Our research is focus on two aspects: direct digitization RF front-end and software
adaptive demodulation.

1 Direct Digitization RF Front-end
The disadvantages of analog front-end of traditional receiver are that the analog nature,
including aged-based, temperature-based performance and the nonlinear operation of the
mixers, are varied from those analog components. Therefore, direct digitization receiver
front-end will greatly reduce the design demands of hardware, the result is that the
defects of analog front-end are avoided. Digitization front-end also needs satisfy the
sensitivity and dynamic range requirements of general front-end. Due to the limitation of
high speed ADC component and processing speed, A direct digitization front-end
eliminates the need for frequency downconversion through bandpass sampling, but not
direct sampling. Thus if a lower sampling frequency is adequate, it is desirable to build a
narrower band system because of the less stringent processing requirements and
associated potential lower cost. The choice of sampling frequency is dependent on the



original carrier frequency, information bandwidth, and desired carrier frequency.
Equation (1-1) provides the necessary mathematical relationships to determine an
appropriate sampling frequency
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where fix(a) is the truncated integer portion of argument a, rem(a,b) is the remainder after
division of a by b, Fc is original carrier frequency, Fs is sampling frequency, FIF is the
desired carrier frequency or IF after aliasing.

Quadrature sampling can reduce required sampling rate. In quadrature sampling the
signal to be digitized is split into two components: in-phase and quadrature-phase. Each
of these components occupies only one-half of the bandwidth of the original signal and
can be sampled at one-half the sampling rate required for the original signal. Therefore,
quadrature sampling reduces the required sampling rate by a factor of two at the expense
of using two phase-locked ADCs instead of one.

2 Software Adaptive Demodulation
In general, the receiver demodulation which using ‘software radio’ concept is implement
by software modular. With the change of environment, the software modular will be
varied or updated, thereby the goal to demodulate all signals, which are modulated with
different modulation schemes, can be realized. But this situation has some restricted
conditions, the most important is the modulation scheme of received signal should be
known beforehand. According to the signal itself characteristic, if the receiver can extract
the modulation property, the implementation of adaptive demodulation will increase more
intelligent ability of receiver.

At the present time, to adapt band-limited, nonlinear channel characters, modern constant
envelope modulation technology has been used. Although modern constant envelope
modulation has many types, a main line is permeated from beginning to end: that is the
study of modulated waveform’s phase route. Therefore, it is very useful for the
comprehension of this type demodulation by catching hold of the study of phase route.
The study of phase route is also the distinguish key of adaptive demodulation.

Known as the formula ω=dθ(t)/dt, a modulated signal spectrum property is related to the
phase route. In order to control the modulated signal spectrum property, its phase route is
need to be controlled. By reviewing the development of this kind of modulation
technologies, it is proven that this view is validity.



The BPSK, QPSK, OQPSK, MSK phase vector track diagram is depict in Figure 5.
Figure 5(a) shows that: in BPSK, when the data polarity is changed, waveform phase
sudden changes 180 degrees, so the variety of vector only has two states and overpasses
the origin. In Figure 5(b), four vertexes of a square stand for QPSK signal’s four possible
phases in one symbol interval Ts. In QPSK, data of I and Q two channel is uniform on
time edge. Thus when the I and Q data polarity are changed at the same time, vector
overpasses the origin instantaneously and the phase sudden changes 180 degrees;
whereas when only one channel data polarity is changed, vector of QPSK signal is

transformed from one point to a neighbor point along the side of the square, that is to say,
the phase is sudden changes 90 degrees. Figure 5(c) shows that the OQPSK phase vector
track diagram. Because I and Q channel data are staggered half of one symbol interval
Ts/2=Tb on the time edge, the phase is not sudden changed 180 degrees, only is a 90
degrees phase sudden change. Figure 5(d) is a circle, it is MSK vector track diagram. It
has not any phase sudden change, the rule of phase change is that to be changed 90
degrees linearly during one symbol.

Obviously, for discontinuous phase route modulation, we can identify them through
carrier phase sudden change times. For continuous phase route modulation, we can
identify them through each phase route properties (for example, the phase route whether
is a line or a curve, and slope) These are involved in many specific problems, such as
differential coding MPSK and filter before modulation. We need as possible distinguish
them according to their new property on phase. These can all be implement by software.

CONCLUSION

Through implementation of software DGPS base station and consumer transceiver, it will
bring many advantages. It will reduce the development cost; lifecycle maintenance cost;
the manufacturers and users’ investment risk. It also has the flexibility in different
environment, and the potential ability for other modulations and application. Base on the
interoperationbility of communication systems, software radio technology which is
applied in DGPS transceiver can also migrate into other wireless communication
transceivers, it is propitious to extending to general transceivers.
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ABSTRACT

Wireless information transmission is easy to be suffered from various threats in an open
environment. In this paper, we proposed a new type of software oriented secure system
for direct wireless information transmission. We first present the special functions and
requirements, which have to be satisfied during introducing the secure system. Then, we
divide the secure system into three stages: normal operating stage, key presetting stage,
and key replanting stage. The security, reliability and the computing complexity of this
system are analyzed in this paper. Finally, we carried out this secure system by software
and proved the availability.
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INTRODUCTION

Wireless communication systems are in an open environment, this kind of open character
allows any information to access the system. Consequently, it causes the potential
security threat, the illegal users may access the system effectively. As for one type of the
direct wireless information transmission system, the open character will even make the
system suffered from the malicious attack. An example is illustrated in Figure 1. An
illegal user copied a piece of legal transmitting massage, then he re-transmitted the
message to receiver by which could be acknowledged. Obviously, the message was not
the system expected. Even worse, this kind of attack might lead to the whole wireless
communication system be spoiled. Therefore, it should take some protection measure to
achieve the security of the sensitive information transmission. In this paper, we proposed
a new type of software oriented secure system for direct wireless information
transmission. Moreover, we also give the analysis results that are implemented by
software.



SECURE SCHEME DESIGN

Secure Scheme Model
Before we design the information transmission security scheme, we first design a kind of
dynamic cipher and signature model, as shown in Figure 2. Suppose the input packet
plain text message length is m bit.

1) S(t) is the clock trigger signal, it satisfies
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g(x) is the n-stage linear recursion differential equation of n-stage LFSR.
x∈GF(2n)�LFSR is triggered by clock pulse, namely when t= t 0+i*∆t, LFSR executes
recursion shift operation.

2) Function h is defined as an m bit input, n bit output is one-way free collision hash
function, h is mapped as: G(2m) → G(2 n), it satisfies
(Hi+n,Hi+n-1, ⋅⋅⋅,Hi+1)=hx(Mi+m,Mi+m-1, ⋅⋅⋅,Mi+1) (1-2)

3) Define a function
k(z1, z2,⋅⋅⋅, zm+n)=b(x1, x2,⋅⋅⋅, xm+n-1) (1-3)
which is a nonlinear combination function based on LFSR, input bits is (m+n-1) bit,
output bits is (m+n)bit, that is to say it satisfied mapping relation GF(2m+n-1) →GF(2m+n).
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4) The output secret text C is
C=(M1~m||H1~ n)⊕K1~m+n (1-4)
where subscript stands for bit, symbol || stands for cascade.

Secure Scheme Design and Execution
Secure scheme design is with a view to the demands of security and reliability, secure
scheme execution may be classified into three stages as follows:

1) Normal operation stage
When transmitter sends the sensitive information m, it performs as follows:
I) Grouping the information m according to the length r, taking out the EnS from the
storage En, computing C=m⊕EnS.
II) Taking out the acknowledge signature key AuS from storage Au, sending {C,AuS,tS}
to receiver, where tS is the timestamp value.

After the receiver side received information, it performs as follows:
I) Verifying whether the timestamp tS is inside the time tolerance window (tR-∆t1,tR+∆t2)
(the value of time tolerance window is due to the transmission delay and clock
cumulating error). If the timestamp is right, then executes the stage II). Otherwise, the
received information is considered invalid and the execution is halt.
II) Taking out the authentication key AuR1 from storage AuR, verifying whether the
equation AuR1=AuS is correct, if correct, it performs the stages III), otherwise taking out
the authentication key AuR2, then it will be deal with same as forenamed part. It can take
out up to AuRu, if AuS finally is not equal to AuRu, then discards the received
information and halt the execution.
II) If signature AuS is equal to authentication key AuRj, the receiver side takes out the
decipher key EnRj from EnR. Then computes m=EnR⊕C and gets the sensitive
information m. Afterwards, storage AuR and EnR perform as follows: EnRj+1→EnR1,
AuRj+1→AuR1,⋅⋅⋅, EnRu→EnRu-j, AuRu→AuRu-j, where j<u. Finally the storage EnRu-j+1,
AuRu-j+1, ⋅⋅⋅, EnRu, AuRu will be cleared out.

In the Figure 3 right side, storage AuR and EnR in receiver each includes u locations, the
value u is related to time tolerance window and clock frequency. Once the clock is
triggered, a new group of key is generated, the content of storage is updated.

2) Seed-key Preset Stage
In normal operation stage, the seed-key is the phase state of LFSR. To avoid the phase
error, which caused by clock transitory fault or other burst interferes, the receiver side
presets the seed-key and builds the key self-synchronization system. It makes the system
has some tolerated ability, prevents the error diffuse effectively. The execution is as
follows:
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Process1: The system carries out the initialization at initial time t0,
I) Setting the initial phase state of LFSR into preset register RYuZ.
II) According to the LFSR linear recursion formula g(x), shifting y times in succession,
where y is the pre-setting state number.
III) Saving the current phase state value of LFSR in middle storage Rtemp.
IV) Taking out the value from register RYuZ, and replacing the current phase with it.
V) Saving the value of RTemp into register RYuZ.

Process2: At the time of t0+j*y*∆t (j=1,2,⋅⋅⋅), the system compares the register RYuZ value
with the current phase state of LFSR. If they are equal, then the system continues the
preceding step II) to V) process 1. Otherwise, the current phase of LFSR is replaced with
register RYuZ value, then execute the step II) to V) in process 1.

To keep the secure modular operating normally, the execution time of key pre-setting
process must less than ∆t.

3) Seed-key Replacing Stage
During the secure system design, considering the uncovering probability is increasing
with the time increasing. Therefore, we improve the system security through replacing a
new seed-key periodically, the execution process is as follows:

maximum length shift
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Figure4 The procedure of seed key pre-setting



Firstly, seed-key updating process:
I) The transmitter chooses a new seed-key KEY (including LFSR phase and trapdoor key
P), which is embodied in the special information mkey, then encrypts it and transmits to
receiver in term of the normal encryption.
II) The receiver acknowledges and deciphers the received information mkey, determines
this information as a replacing information, takes out the seed-key KEY and stores in a
special storage Ekey.

Secondly, once the seed-key is updating, process which storing the seed-key in receiver
and changing the seed-key are as follows:
I) As the transmitter side decides to change the key, it generates a special defined seed-
key to change the information mchg, then encrypts it and transmits to receiver in term of
the normal encryption.
II) The receiver acknowledges and deciphers the received information mchg, determines
this information as a seed-key changing information, then takes out the new seed-key
KEY from the storage Ekey and replacing the original seed-key with it which will be used
in encryption and acknowledgment process.

Obviously, the seed-key replacing stage is included in the normal operation stage, namely
that seed-key updating information and seed-key changing information are transmit same
as the general information, its particularity is determined by information format (this
should highly keeps secret). In order to enforce the reliability of this kind of information
transmission, it need transmit this information for several times to ensure the replacement
is successful.

SECURE SCHEME PERFORMANCE ANALYSIS

1 easy to implement function smoothly introduce
Secure modular has the relative independence, it is easy to implement by software.
Additional secure modular will not impact the system intrinsic function and construction.
The information transmission system will be not impacted though exclusive-oring cipher
word with the primary information.

2 “one message one cipher” peculiarity
Cipher system is a dynamic system. Through a random digital source supplied by clock
triggering LFSR, it generates the cipher and authorization key via one-way hash function
and nonlinear combination function. By choosing the LFSR stage reasonably, it can be
ensured that the key has “one message one cipher” peculiarity in the life period of
wireless system. It implements Shannon’s perfect encryption secure system.



3 ensuring the high reliability
The implement of the high reliability is mainly depicted as following two points:
1) The implement of seed-key presetting stage pledges that cipher modular has definite
secure adaptive ability and free-fault ability, it effectively prevents the clock transitory
fault or other destroys or error-diffuse by burst interference.
2) Receiver side authorizes the redundancy of key storage, it will guarantees the secure
authorization reliability. The setting of u authorization storage may eliminate the clock
error and the effects of transmission delay. Thus it pledges the authorization reliability.

SOFTWARE SIMULATION RESULTS

Before-mentioned secure scheme is easy to implement by software. Here, we will give
the encryption modular simulation results, which are carried out by software. The
software language is C++ in a PC environment.

The simulation results in normal operation stage
In normal operation stage, there is some difference between transmitter side and receiver
side. The signature of transmitter side includes hash function and nonlinear combination
generation based on LFSR current register, where the nonlinear combination function
uses cipher process with parallel knapsack stream function, information and signature,
and also uses the binary transform of time stamp value. The authorization decipher
process of receiver side includes that verification of time stamp, parallel knapsack stream
generation, hash function value generation and verification of information decipher.

Table 1 depicts the computation time of signature and cipher in transmitter. In transmitter,
we constitute a 155-stage maximum length linear shift register, the field value q of
knapsack stream function is chosen to 104 prime number. Ignoring impulse LFSR shifting
pulse interval, Table 1 lists almost 2000 times to 10000 times signature cipher
computation average time, the once signature cipher computation average time can be
calculated which is about 845µs.

Table1 The computation time of signature and cipher in transmitter

Encrypt Times 2000 4000 6000 8000 10000

Required
Time(s)

1.7 3.4 5 6.7 8.4

Table 2~4 describe the receiver side authentication decipher computation time. On
account of the impact of transmission delay and clock error, the receiver side need
reserve u latest LFSR register state. We separately take out u=3,4,5 and simulate it, the
corresponding authentication success time is selected randomly, the results is show in the
following Table 2~4. The tables respectively list 2000~10000 times authentication
decipher computation average time. When u=3(forward and back ward register are each 1



bit), decipher authentication time is about 1.3ms. When u=4(forward register is 1 bit and
backward register 2 bits register), it is about 2ms. When u=5(forward register and
backward register are each 2 bit), it is about 2.5ms.

Table2 The computation time of authentication and decipher in receiver (u=3)

Encrypt Times 2000 4000 6000 8000 10000

Required
Time(s)

2.7 5.5 8.3 10.6 12.7

Table3 The computation time of authentication and decipher in receiver (u=4)

Encrypt Times 2000 4000 6000 8000 10000

Required
Time(s)

4.1 8 11.9 16.1 20

Table4 The computation time of authentication and decipher in receiver (u=5)

Encrypt Times 2000 4000 6000 8000 10000

Required
Time(s)

5.2 10.1 12.6 19.9 24.8

The simulation results in seed-key presetting stage
The operation of seed-key presetting stage, in fact, is the LFSR k times shift
continuously. The last gained register state of LFSR is the seed-key presetting value, the
transmitter side and receiver side is just the same in execution of seed-key presetting
stage. Table 5 lists the required time when k=50000, 100000, 150000, 200000, 250000
times shift. One shift time is about 8µs, during the practice process, k is often set 5~100.
Thus the execution time of seed-key presetting stage is between tens to hundreds µs.
Clearly, the execution of seed-key presetting stage does not impact the cipher/decipher
and signature authentication process which are in normal operation stage.

Table5 The computation time of seed-key presetting stage

Encrypt Times 50000 100000 150000 200000 250000

Required
Time(s)

440 870 1240 1700 2080

The computation of seed-key changing stage is same as normal operation stage,
correspondingly the simulation results of seed-key changing stage are similar with that in
the normal operation stage.



Simulation results of seed-key replacing stage
The computation of seed-key replacing stage is same as normal operation stage,
correspondingly the simulation results of seed-key replacing stage are similar with that in
the normal operation stage.

CONCLUSION

In this paper, we designed one type of direct information transmission model applying in
wireless communication systems. The secure system that established in this paper has
several outstanding properties:

1 The secure system synthesizes the advantages of both the secret key system and the
public key system, it also achieves the effective tradeoff of the system security and
computing complexity.

2 The thought of dividing the secure system into three stages makes the system guarantee
the security, meanwhile, it has the adaptive ability, the fault-tolerance ability and the
fault-recovery ability.

3 It assures that the secure system has the “one message one cipher” perfect security
character.

4 It pledges the effective shift among the three stages during the actual operation by
software implementing the secure system.
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LINK AVAILABILITY AND BIT ERROR CLUSTERS
IN AERONAUTICAL TELEMETRY

Robert P. Jefferis
TYBRIN Corporation

ABSTRACT

Radio frequency power margins in well planned line-of-sight (LOS) air-to-ground digital
data transmission systems usually produce signal to noise ratios (SNR) that can deliver
error free service. Sometimes field performance falls short of design and customer
expectations. Recent flight tests conducted by the tri-service Advanced Range Telemetry
(ARTM) project confirm that the dominant source of bit errors and short term link failures
are “clusters” of severe error burst activity produced by flat fading, dispersive fading and
poor antenna patterns on airborne vehicles. This paper introduces the techniques used by
ARTM to measure bit error performance of aeronautical telemetry links.

KEY WORDS

Aeronautical telemetry, link availability, bit error analysis, error clusters

INTRODUCTION

The ARTM project, sponsored by the Office of the Secretary of Defense under its “Central
Test and Evaluation Investment Program”, is chartered to identify and develop practical
improvements to the air-to-ground data telemetry links used in flight vehicle trials over
Department of Defense (DoD) “Major Range Test Facility Bases”. Desire to increase
spectral efficiency, sustain higher data rates and improve link reliability justifies
investigation and tests of new modulation methods, adaptive equalizer technology, a
variety of transmit and receive diversity techniques as well as error detection and
correction schemes (EDAC).

While planning collection and assembly of tools necessary for laboratory and field
experiments, searches were made for meaningful performance assessment criteria.
Collective ARTM staff experience coupled with literature searches confirmed that
germane, quantitative channel models and systematic criteria for link performance
assessment did not exist for this application arena. This paper briefly describes the
application specific link definition used and introduces top level link performance criteria



developed for out of service (OOS) link tests. Specific performance measurement
parameters and statistics are defined. Use of these tools is demonstrated with selected
examples.

ARTM “LINK” DESCRIPTION

Top level ARTM link tests emphasize end-to-end system performance as indicated by the
number of bits found in error at the output of defined system boundaries. Figure 1 depicts
the simplified model of telemetry system components that collectively constitute a baseline
air-to-ground telemetry “link”. The link definition includes all subsystems directly
associated with the wireless data transmission, i.e., transmitter functions, transmit antenna,
receive antenna, downconverter, demodulator, detector and bit stream reconstruction
apparatus.

The transmitter platform is an aircraft or missile. Some form of on-board data acquisition
system places desired telemeter information into a continuous, time-division multiplex,
serial binary digital bit stream. Non-return-to-zero-level (NRZL) is the most common
baseband line code. Bit rates are low to intermediate, usually in the range of 100 kilobits
per second (kb/s) to 10 megabits per second (Mb/s). Serial data is applied to the first link
component, the transmitter. Typically, power supply, baseband line interface, baseband
signal processing, modulation, frequency conversion and radio frequency (RF) power
amplification functions are in one consolidated transmitter package. The standard DoD test
range modulation type is a specific form of continuous frequency shift keying referred to in
the defining standard as “PCM/FM”[1]. Non-linear power amplifiers are used to achieve
common transmit power levels of about two to ten Watts.

Low gain omnidirectional transmit antennas are the norm since platform orientation
relative to the receive antenna is not controlled. RF power is sometimes divided and
applied to two or more separate transmit antennas for reduction of signal masking from
wings, fuselage or other vehicle surfaces even though resulting arbitrary antenna separation

Figure 1
 Link Definition
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distances often produce harmful self-inflicted cochannel interference. ARTM link tests
normally utilize a single “well behaved” transmit antenna, i.e., one with a uniform
radiation pattern in aircraft yaw and roll planes.

At the receiving station, whether fixed site or mobile, the most common receive antenna is
a directional reflector style with single or dual secondary feed antennas. Receive antenna
beam width is a crucial factor in overall link performance, narrow beams providing an
effective first line of defense against terrain induced frequency selective fading. The
consolidated receiver definition includes preamplifiers, downconversion, gain control,
demodulation, detection and bit stream reassembly functions.

TEST METHOD

At this time, reliable and efficient link performance measurement demands controlled out-
of-service (OOS) tests. Field trials require an air vehicle and link dedicated to the
experiment. ARTM experiments are conducted with the system outlined in Figure 2. A
pseudo-random binary sequence (PRBS) generator substitutes for the aircraft data system
of Figure 1. This allows conventional bit error detection equipment to be used for
accumulation of bit error data. Reconstructed NRZ data from the link under test is applied
to a model BA25 bit error rate analyzer (BERA) manufactured by SyntheSys Research
Incorporated. This analyzer satisfies two critical needs of the application. In addition to
conventional real-time bit error detection duties, it captures the location of each bit error in
a measurement record. Complete time histories of error location and auxiliary events are
logged to a large internal disk drive. These features enable versatile and detailed bit-by-bit
post-test analysis of error activity.

Channel and general test condition information is acquired by the ARTM data system.
Time histories of receiver automatic gain control (AGC) activity and synchronization
status is recorded. In addition, a high-speed digitizer can acquire snapshots of the RF
signal (at post AGC intermediate frequencies) to facilitate detailed frequency and time
domain propagation analysis. Time correlation between the BERA and data acquisition
system is established to ± one bit precision with one pulse per minute (PPM) signals from
a Global Positioning System (GPS) receiver. Aircraft location time histories are recorded
on the test aircraft with an on-board GPS receiver.



Since channel conditions are strongly effected by aircraft location relative to receiving
antennas, local terrain characteristics and atmospheric conditions, it is difficult to
generalize field experiment designs and extrapolate results to individual flight scenarios.
For this reason ARTM tests do not attempt rigorous control of these variables. The most
reliable experiment is regarded as one that compares the performance of two link
configuration variations tested simultaneously, i.e., side-by-side “link configuration A
versus link configuration B” (A:B) experiments. When an A:B test is not desirable or
practical, tests are constrained to pre-defined flight path and terrain combinations which
produce a reasonable degree of wave propagation repeatability. A small, but growing data
base of propagation characteristics for three particular flight corridors over Edwards Air
Force Base, California allows increasing reliance on some absolute single link tests.

FLIGHT LINK AVAILABILITY (FLA)

Lacking application specific error performance and diagnostic criteria, attention turned to
commercial wireless and landline standards. An attractive starting point was found in
International Telecommunication Union Recommendation G.821(G.821)[2]. Even though
this recommendation and its related practices were developed for a 64 kb/s “Integrated
Services Data Network”, the underlying philosophy and rationale embodied in this
recommendation were found to be a good fit to critical ARTM evaluation criteria:

• Focus on end-to-end (customer oriented) performance measurement.
• Simplicity and relative measurement ease.
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• Low investment in specialized test equipment.
• Reasonably good fit to the application.

Although G.821 event definitions and performance parameters are a reasonably good fit to
this application, a number of definition and nomenclature changes were necessary.
However, the adaptations do not prevent use of most existing equipment or software
containing automated G.821 data analysis. ARTM FLA statistics are readily derived
subsets of standard bit error and G.821 data products. What follows is an abbreviated
definition list containing essential FLA parameters. Readers interested in more detail,
rationale and the differences between FLA and G.821 are referred to G.821 and [3].

EVENT DEFINITIONS

Error Second (ES ≡ A one second interval of transmission time containing at least
one bit error and fewer than the number of errors that would
indicate a severe error second.

Lost Time (LT) ≡ the number of bit periods in the measurement period, if any,
that cannot be counted in categories ES or SES for one of the
following reasons:

1.  Receiving and detection apparatus lost synchronization with the bit stream or was in a
state of acquiring synchronization with the bit stream and the measurement apparatus
could not provide accounts of individual bit errors.

2.  Error detection equipment in use became temporarily overloaded with bit error
processing and could not track errors on a bit-by-bit basis.

LT is expressed in seconds. With the exception of error clusters, presentation of link
performance parameters in a specific measurement period include one aggregated figure
for LT. Specific derived parameters include or exclude LT as appropriate.

Measurement Period (MP) ≡ The measurement interval, expressed in seconds and
decimal fractions of seconds, over which relevant event data is captured.

Severe Error Second (SES) ≡ A one second interval in which the number of bit errors
equals or exceeds the equivalent of a 10-5 bit error rate (BER) if the same error occurrence
rate were to occur on an average basis. This is the ARTM threshold of short-term link
failure.

PERFORMANCE INDICATORS

All of the following definitions are fractional components created by normalization to the
MP.



Error Free Fraction (EFF) ≡ [1-(Σ SES + Σ ES + LT) / MP] (1)
Error Second Fraction (ESF) ≡ Σ ES / MP (2)
Available Second Fraction (ASF) ≡ EFF + ESF (3)
Failed Second Fraction (FSF) ≡ ( Σ SES + LT) / MP (4)
Flight Link Availability (FLA) ≡ 1- FSF (5)

Figure 3 is an example of FLA derived from application of equations 1-6 to three A:B
comparison flights of PCM/FM and FQPSK-B modulation at 1 Mb/s [4]. This is a scatter,
or X-Y plot, each data point revealing the FLA levels achieved simultaneously by A and B
systems over a complete flight path record. All MP’s are over 700 seconds long. The
diagonal dashed line is the line of equal A:B performance. Note that a large number of
points are bunched together very close to coordinates (1,1) indicating that both links are
capable of delivering comparable error performance most of the time. The congestion at
(1,1) is alleviated when the FSF’s of the same data sets are plotted similarly as in Figure 4.
These presentation forms are equivalent.

Figure 3
Flight Link Availability - ARTM Flight Series #1 
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ERROR CLUSTERS

Channel probe data and A:B tests of link component variations conducted by ARTM
consistently demonstrate that isolated bit errors and conventional error bursts rarely occur
until the radio horizon is approached or thermal noise becomes significant for some other
reason. This is consistent with the fact that large power margins (15-20 dB or more),
narrow antenna beams and fairly fast automatic gain controls are the means used to combat
fast flat fading and dispersive fading. Link performance tends to swing quickly between
two extremes. Noise crest factors are limited by filters in the receiving station which
means that error free transmission is expected in the absence of significant fading.
However, for each combination of fade type, delay spread and symbol rate, the links
exhibit fade sensitivity thresholds above which performance degrades rapidly. These
thresholds are strongly related to the ratio of delay spread to symbol period. As this ratio
increases above about 0.1-0.2, sensitivity to delayed images of the LOS ray increases
dramatically.

The majority of deep fade events result in bursts of error activity so severe that BER
approaches unity. Demodulation and symbol synchronization processes often fail in these
intervals as well. Attempts to describe these events as conventional error “bursts” with
attendant connotations of reliable statistical structures are not meaningful. For practical
diagnostic purposes these events are viewed at a higher level, each one considered a short-

Figure 4
Link Failures - ARTM Flight Series #1
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term link failure described with an “error cluster” (EC). ARTM developed an automated
procedure to isolate and catalog EC’s from BERA recording files. Two simple EC
identification criteria are used. Cluster onset is defined in terms of an initial BER.
Succeeding bit errors become cluster members until the cluster is terminated by a pre-
defined period of error free transmission. A wide range of identification parameter values
were applied to dozens of BERA records. Reasonable and fairly consistent results were
found using an onset threshold of BER=10-4 and terminal period of approximately 0.2-0.4
seconds. Each EC is cataloged with its position in the MP, the total number of bit errors in
the cluster (including lost time, if any) and the cluster length in seconds. Bit error time
histories spanning the EC are also extracted.

Several EC statistics provide useful performance difference indicators. Differences are
stressed because data must normally be gathered in A:B comparisons or repetitions of
controlled experiments. “Cluster Weight” (CW), is the product of cluster length (CL) and
total cluster bit errors (CE) and is normalized by referral to a bit rate of 1 Mb/s:

CW ≡ (CL x CE ) / bit rate (Mb/s) (6)

Figure 5 presents EC results from the same flight path of three separate test flights. Each
symbol on the graph is the CW of an individual cluster, plotted at its MP normalized time
location within the MP. These data sets can be considered repetitions of an experiment in
the sense that all data share a common flight corridor, flight profile, MP ( ≅ 720 seconds),
airspeed and transmission frequency range (1420-1510 MHz ). Thus, time position on the
graph can be roughly associated with physical location along the flight path. It is
interesting to note the vertical stratification that appears at approximate positions 0.1, 0.4,
0.55, 0.65 and 0.9. This corroborates other evidence that many flight profiles over desert
test ranges will produce repeatable zones of dispersive fading. In all three flight set
examples, the total number of errors associated with the EC’s account for more than
99.9% of the bit errors and all of the LT measured during the tests. All of the CW values
larger than 1000 contain single or multiple synchronization loss events or LT or both.

Once familiar with EC’s they are useful in at least two ways. EC information can be
extracted very quickly from a set of test data. A plot such as Figure 5 instantly reveals the
general health of a baseline comparison link or serves as a status indicator for new
configurations. Being course indicators, link component changes worthy of serious
development investments should produce very dramatic changes to EC quantity, CW’s or
both, when tested over reference flight paths.



Figure 6 shows error activity contained in three of the clusters from Figure 5. These are all
from the FM system and flight 8 and demonstrate the range of cluster structure.

CONCLUSION

The ARTM project has developed simple system level link error performance criteria
tailored to the DoD aeronautical telemetry problem. FLA, FSF’s and EC’s are proving to
be useful concepts for evaluating the impact of link component changes and seem to
transcend the source of change whether it be modulation, antennas, diversity schemes or
EDAC. Further work on the subject of EC’s is in progress to establish validity and
usefulness. Additional work is recommended to investigate extension of these concepts
from OOS testing to in-service testing.

Figure 5
Error Clusters - Black Mountain Corridor

5000 Foot Altitude, West to East

1.E+00

1.E+01

1.E+02

1.E+03

1.E+04

1.E+05

1.E+06

1.E+07

0 0.2 0.4 0.6 0.8 1

CLUSTER POSITION

Flt 8 FM 5 Mb/s Flt 8 FQPSK-B 5 Mb/s Flt 2  FM 1 Mb/s
Flt 2 FQPSK-B 1 Mb/s Flt 6 BPSK 10 Mb/s



REFERENCES AND NOTES

[1] Secretariat, Range Commander’s Council, “Telemetry Standards, IRIG Standard 106-
99”, White Sands Missile Range, 1999.
[2] International Telecommunication Union, “Error performance of an international digital
connection operating at a bit rate below the primary rate and forming part of an integrated
services digital network”, ITU-T Recommendation G.821, August, 1996.
[3] Advanced Range Telemetry Project, “Aeronautical Telemetry Link Performance and
Service Availability, System Level Parameter Definitions for Test Data Analysis”(draft
report, public release pending) 1999, Charles Irving, 412TW/TSDI, Edwards Air Force
Base, California.
[4] FQPSK is the acronym for “Feher’s Quadrature Phase Shift Keying”, a proprietary
variation of offset quadrature phase shift keying controlled by DIGCOM Incorporated, El
Macero, California.

1 2 3 4 5 6 7 8 9 10 11 12

C03

1

10

100

1000

10000

100000

1000000

Cluster Time Interval X 20

Figure 6
Error Cluster Time History Examples



)LJXUH����0XOWLSDWK�GLDJUDP�
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ABSTRACT
This paper presents estimated aeronautical telemetry channel characteristics during bit
error events.  A T-39 aircraft was flown around various test corridors while transmitting
a filtered 10 Mb/s pseudo-noise (PN) sequence binary phase shift keying (BPSK) signal. 
The received signal was down converted to 70 MHz, digitized when trigger criteria were
met, and stored for later analysis.  Received signal strength was also recorded.  The first
step in data analysis consisted of dividing the fast Fourier transform (FFT) of the
recorded signal by the FFT of the expected signal.  The received signal strength data was
then used to correct for flat fade effects.  The resulting signal is the difference (dB)
between the expected signal at the receiver intermediate frequency (IF) output and the
measured receiver IF output during the error event.  This difference is the aeronautical
telemetry channel characteristic.  The characteristics of this difference signal were then
matched against a 2-ray and 3-ray multipath fading model with reflected signal
amplitude and path delay as the variables.

KEY WORDS
Multipath, telemetry channel, bit errors

BACKGROUND
One challenge facing the aeronautical
telemetry community is how to improve
data quality while simultaneously
accommodating increased bit rates. A good
understanding of the cause and distribution
of bit errors is critical to understanding the
various phenomena causing the errors and
minimizing their effect.  The Advanced
Range Telemetry (ARTM) program has undertaken a series of test flights to collect data
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Figure 2. Receiving system.

to help understand the problem.  The typical aeronautical telemetry channel includes a
line-of-sight path between the transmitter and receiver and may also include one or more
indirect paths as illustrated in figure 1.  The radio frequency (RF) spectrum above the
transmitter illustrates a pulse code modulation (PCM)/frequency modulation (FM) signal
being transmitted and the spectrum above the receiver shows the signal being received. 
This received spectrum illustrates the effects of relatively short delay multipath with the
indirect signal amplitude being nearly the same amplitude as the direct signal.  The depth
of the null relative to the expected direct signal power at the same frequency is a measure
of the ratio of the amplitude of the indirect and direct paths (b).  The shape of the null is
a function of the amplitude ratio and the difference in the time of arrival of the two
signals ( ).  The normalized vector sum of  the direct and indirect signals as a function of
frequency can be calculated using equation (1) where the phase angle between the two
signals is !2 f +  where  represents the phase shift associated with the reflection.

TEST DESCRIPTION
The transmitter included a 10 Mb/s PN source, a lowpass filter, a BPSK modulator, a
linear power amplifier (output about 2 watts), and a nearly omnidirectional antenna
mounted on the bottom of the T-39 (top and bottom antennas were used for some flight
tests).  The receiving system (see figure 2) included an autotracking antenna (typically
eight-foot diameter); a wideband telemetry receiver with linear 70 MHz IF and BPSK
demodulator outputs; a bit error detector; a digital oscilloscope; a trigger circuit; and a
computer.  The received signal strength was logged by digitizing the receiver’s
automatic gain control (AGC) output.  The received data was time tagged using a global
positioning system (GPS) receiver.  The T-39 position was logged on-board the T-39 for
correlation with the data recorded at the receiving site.



0

50

z
j

15211500 f
j

1500 1503.5 1507 1510.5 1514 1517.5 1521
50

40

30

20

10

0

Frequency (MHz)

Po
w

er
 (

dB
)

0

50

y
j

15211500 f
j

1500 1503.5 1507 1510.5 1514 1517.5 1521
50

40

30

20

10

0

Frequency (MHz)

Po
w

er
 (

dB
)

Figure 3.  FFT of expected signal.

Figure 4.  FFT of signal with lab fading.

The expected signal is illustrated in figure 3. 
Figure 3 is the result of taking an FFT of the
signal at the receiver IF output with the 10 Mb/s
BPSK signal as the input under laboratory
conditions.  The FFT results were smoothed
across frequency to minimize noise.  The FFT
length was equal to one PN cycle which for this
example was 2047 bits.  The frequency scale was
plotted with actual transmitter frequencies. 

LABORATORY TESTS
Tests were performed with known fading
parameters to check out the multipath
parameter estimation routine.  Figure 4
shows the spectrum with a 20 dB fade
(b=0.9), a 24 ns delay, and a null 2 MHz
below center frequency.  The multipath
simulator was a Hewlett-Packard 11757B
fade simulator.  Figure 5 shows the overlay
of the measured channel transfer function and
a near best fit estimate.  In this case the
estimate was b=0.9 and =26 ns.  For delays
less than about one over the bit time, in this
case less than 100 ns, a 3 dB error in
estimating the depth of the null results in
about a 30 to 50% error in the value of the
delay.  For example, if the reference power
level was in error and the null was estimated
as 23 dB then b=0.925 and =18 ns; if the null was estimated as 17 dB as shown in figure
6 then b=0.85 and =39 ns.  Obviously, if the delay is small, accurate estimation of the
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Figure 5.  Lab fade (red) + estimate (blue). Figure 6.  Lab fade with 3 dB null depth error.

null depth is critical to accurately estimating the delay.  An accurate null depth estimate
is not critical for accurate delay estimation for delays longer than 1 bit time.

FLIGHT TESTS
Several flight tests have been conducted over the major test corridors at Edwards AFB,
CA at both low and relatively high altitudes.  The worst multipath fading occurs on the
low altitude flights (as would be expected).  The signals were received at Building 5790
which is the main Edwards AFB telemetry receiving site.  Flights have been conducted
in both the 1435-1525 MHz (commonly called L-band) and the 2310-2390 MHz
(commonly called upper S-band) bands.  The results in the two bands are similar with
one difference being more fading events at the higher frequency band (again as would be
expected because of the shorter wavelength).  Two flight tests have also been conducted
over water at the Pacific Missile Range, Point Mugu, CA.  The receiving site for these
tests was Laguna Peak.  The results presented in this paper are from the first channel
sounding flight at Edwards AFB.  The test corridor was Cords Road and the flight
altitude was about 1300 to 1600 meters.  The data were collected as follows: the trigger
event was 16 bit errors, when the trigger event occurred the digital oscilloscope captured
10 segments of 100,000 points each at a sampling rate of 200 Ms/s with a segment
spacing of 100 ms.

FLIGHT TEST DATA
Figures 7 and 8 present the AGC values for two portions of the first ARTM channel
sounding flight.  The blank portions occur because AGC data was not recorded when
digital oscilloscope data was being transferred to the computer.  The calibration of this
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Figure 8.  AGC plot (14:50).Figure 7.  AGC plot (14:30).

Figure 9.  BER versus time for interval 14:50 to 14:54.

AGC data is: 1.4 volts=0 dB IF SNR, 1.8 volts=12 dB IF SNR, 2.8 volts=24 dB IF SNR,
3.8 volts=36 dB IF SNR.  The three intervals where data will be analyzed in this paper
are just before the 2  and 3  gaps in figure 7 and just before the 2  gap in figure 8.  Thend rd nd

T-39 was approximately north-northeast of the receiving site flying West during the
interval of figure 7 and northeast of the receiving site flying East during the interval of
figure 8.



Figure 10.  BER versus time for interval 14:30 to 14:33.

Figure 9 shows the bit error rate per 5 million bits over approximately the same time
interval as the AGC plot of figure 8.  Note that the major bit error events correspond to
the drops in AGC level as expected.  The event in figure 9 indicated by the arrow will be
the first event analyzed.  The system lost synchronization for about 2 seconds during this
event.  Figure 10 shows the bit errors for the same time interval as figure 7.  Note that
less than 50 errors occurred during each of the error events.  

Figure 11 shows the FFT of the first segment of the data captured at a time of 14:50:58. 
There is a fairly deep null centered slightly below 1508 MHz.  Figure 12 shows the FFT
of the segment captured 500 ms later.  The null has moved about 2 MHz higher in
frequency.  The system lost synchronization for about 2 seconds during this fade event. 
The T-39 was flying away from the receiving site and was about 38 nautical miles from
the receiving site.  The ground speed of the T-39 was approximately 200 knots.  The
average received power decreased by about 3 dB from segment 1 to segment 6 as the null
moved closer to the center frequency where the highest signal power density occurs. 
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Figure 12. Received signal 14:50:58 (seg 6).Figure 11.  Received signal 14:50:58 (seg 1).

Figure 14. Channel estimate 14:50:58 (seg 6).Figure 13. Channel estimate 14:50:58 (seg 1).

Figure 13 shows the results of fitting a two-ray model to the measured data.  A good fit
to the measured data was b=0.96 and =18 ns.  Essentially the same parameters were a
good fit during segment 6.  Quite a few multipath events similar to this one have been
recorded during the test flights.  The largest values of b have been about 0.99 (minimum
phase null assumed, that is, the amplitude of the reflected path is assumed to be smaller
than the amplitude of the direct path).  
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Figure 16. Received signal 14:32:38 (seg 6).Figure 15.  Received signal 14:32:38 (seg 1).

Figure 17. Channel estimate 14:32:38 (seg 1). Figure 18.  Channel estimate 14:32:38 (seg 6).

Another fairly common multipath event is illustrated in figures 15-18.  This event
occurred at 14:32:38.  Again, segment 6 occurred 500 ms after the data in figure 15.  In
this case, the nulls moved lower in frequency (the plane was towards from the receiving
site and was about 12 nautical miles from the receiving site).  The null moved by
approximately 4 MHz in 500 ms.  The transfer function in figures 17 and 18 could not be
well matched by a 2-ray model therefore a third ray was added with a different delay,
phase angle, and relative amplitude.  The vector sum of the three rays was then
calculated.  The parameters for figure 17 were b =0.4, =103 ns, b =0.15, =47 ns.  The1 1 2 2

parameters for figure 18 were b =0.55, =104 ns, b =0.25, =47 ns.  Note that figure 71 1 2 2

shows a very large AGC value during this time interval with no AGC dip as would occur
with a short delay fade. This fade event caused only about 30 bit errors.  
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Figure 20. Received signal 14:30:27 (seg 6).Figure 19. Received signal 14:30:27 (seg 1).

Figure 21.  Channel estimate 14:30:27 (seg 1). Figure 22. Channel estimate 14:30:27 (seg 6).

Figure 19 illustrates a relatively long delay multipath event.  The lack of symmetry in
figure 19 implies that at least a three-ray model is needed to fit the measured data. 
Figure 20 is the same data set except 500 ms later in time.  Note that the structure is less
apparent in figure 20.  Figure 21 shows the results of fitting a three-ray model to the
measured data.  The parameters for figure 21 were b =0.21, =318 ns, b =0.18,1 1 2

=357 ns.  The plane was flying towards the receiving site and was about 16 nautical2

miles away.  Figure 22 needed a four-ray model with a short delay component added (to
produce the slope in the transfer function) to the two long delay components to get a
reasonable fit.  The parameters for figure 22 were: b =0.18, =399 ns, b =0.1, =438 ns,1 1 2 2

b =0.5, =14 ns.  Again note that figure 7 shows a high AGC value during this interval3 3

with only a minor AGC dip.  This fade event caused only about 40 bit errors.  



SUMMARY
The multipath estimation method was shown to accurately estimate the parameters of the
multipath fading in a simple two-ray lab experiment.  A two-ray model provides a
reasonably good fit to many fades measured during the flight tests and a three-ray model
provides a good fit to most of the measured fades.  The deep fades (b>0.9) that have
been analyzed so far have all had estimated delays of less than 50 ns and cause a large
number of bit errors and frequently loss of synchronization.  Many multipath fade events
included delays of 100 to 400 ns with typical maximum values of b being between 0.2
and 0.6.  However, the long delay events analyzed thus far typically only cause a few bit
errors (a few exceptions exist).  The nulls presented in this report moved at a rate of a
few MHz per second.  Faster null movement would occur with faster test vehicles or
with test vehicles climbing or diving.  The events that caused a large number of bit errors
typically also have a large drop in AGC value and if frequency selective fading occurred
the amplitude of the indirect path is nearly as large as the direct path and the delay is
small.  The events with strong received signal strength typically had long delays (greater
than 100 ns) and only a small number of bit errors.
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ARTM CHANNEL SOUNDING RESULTS – AN INVESTIGATION OF
FREQUENCY SELECTIVE FADING ON AERONAUTICAL

TELEMETRY CHANNELS
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ABSTRACT

Initial results of wideband channel sounding experiments sponsored by the Advanced
Range Telemetry (ARTM) program are presented. Data collected at Edwards EAFB
during the Winter 1998-1999, are analyzed in the frequency domain to estimate the
number, strength, and delays of the significant multipath reflections observed during the
experiments. We observe that the channel is adequately modeled using two or three
multipath reflections. The multipath fade events are correlated with recorded bit error
rates and transmitter location to provide a comprehensive overview of the channel
characteristics. Summaries from two test flights are included where it is seen that the 2-
and 3-ray channel models provide excellent models for the data. In general, the 3-ray
model captures the essential features of the multipath interference. In this model the first
multipath is a strong specular reflection with relative amplitude greater than 0.5 and
relative delay in the 30 to 70 ns range. The second multipath is a much weaker reflection
with relative amplitude less than 0.5 and relative delay in the 175 to 325 ns range.

KEY WORDS

Channel Sounding, Channel Characterization, Multipath Fading, ARTM.

INTRODUCTION

Multipath interference occurs when reflected replicas of the transmitted wave front arrive
within the main lobe of the receive antenna gain pattern [12]. The random phasing of
these reflections causes random periods of constructive and destructive interference.
When the destructive interference reduces the carrier-to-noise ratio at the receiver front
end to an unacceptably low level, a multipath fade event occurs which produces what is
often called a “data outage” or “signal outage” [1].

Mitigation techniques for fading include space diversity, antenna diversity [2],
interleaved error control coding [3], and equalization [3]. The effectiveness of these



techniques depends on certain fading characteristics such as the number, strength and
time delays of these reflections. One of the tasks of the Advanced Range Telemetry
(ARTM) Program is to investigate the properties of multipath fading in common
aeronautical telemetry environments. This paper reports on the initial results from two
ARTM channel sounding flights at Edwards AFB in December 1998 and February 1999.

h(t)x(t) y(t)

Y(f) = H(f)X(f)

Figure 1: Linear time-invariant system representation of the RF multipath environment.

CHANNEL MODELS AND SOUNDING TECHNIQUES

We begin by noting that real channels are time-varying. The channel impulse response is
a function of the physical geometry involving the airborne transmitter, the receiver, and
the reflection points. Since this geometry varies during the mission, the channel impulse
response varies during the mission. The characterization of these changes or channel
dynamics, is treated in [4]. We assume that over a short enough time interval, the channel
does not change and is time-invariant. Thus, during a sufficiently short interval of time,
we model the aeronautical telemetry channel as a linear, time-invariant system with
impulse response h(t) and transfer function H(f) as illustrated in Figure 1. When a signal
x(t) is input to the system, the channel output y(t) is given by the convolution of x(t) with
h(t). In the frequency domain, the input-output relationship is Y(f) = H(f)X(f).

Observations of received signal properties at Point Mugu NAWC [5,6], White Sands
Missile Range [7], Edwards AFB [8,9], and China Lake NAWC [10] suggest that a good
model for the aeronautical telemetry channel is one consisting of a line-of-sight signal
accompanied by a single strong specular reflection whose delay relative to the line-of-
sight signal is some fraction of the bit time. Such a channel is modeled mathematically as

)()()( )2( 0 τδδ θτπ −Γ+= + tetth fj                                                        (1)



where 10 ≤Γ≤  is the strength of the reflection relative to the line-of-sight signal, θ is the
phase shift caused by the reflective medium, τ is the delay of the specular reflection, and

τπ 02 f  is the phase shift caused by the delay ( 0f  is the carrier frequency). Γ and θ are a
function of the permeability, permittivity, and roughness of the reflecting surface, the
incidence angle of the arriving electromagnetic wavefront [11], and the gain of the
receive antenna in the direction of the arriving specular reflection [12]. The relative delay
τ is a function of the geometry: slant range, elevation angle, etc. The overall phase shift
of the specular reflection is θτπγ += of2 . For our analysis, we are interested only in γ and
not in its constituent parts so that

)()()( τδδ γ −Γ+= tetth j .                                                         (2)

The magnitude of the corresponding channel transfer function is

( )γτπ −Γ+Γ+= ffH 2cos21)( 22 .                                                   (3)

Some of the data to be presented later is well modeled by a channel consisting of two
specular reflections. In this case we have

( ) ( )2211
21)()( τδτδδ γγ −Γ+−Γ+= tetetth jj                                            (4)

where the subscripts are used to denote the magnitude, phase shift, and delay of the first
and second reflections. In general, a multipath channel with L reflections may be
modeled as an LTI system with impulse response

( )∑
=

−Γ+=
L

i
i

j
i tetth i

1

)()( τδδ γ .                                                      (5)

In many applications, the accuracy of the model improves with increasing L. But models
with large L are of limited practical value in simulation and analysis. Thus we prefer
channel models with as small an L as possible. Our data modeling shows excellent results
using L = 1 or 2.

The ideal channel sounder is one that transmits an impulse and records the channel
output. When x(t) = δ(t), y(t) = h(t). Since transmitting an ideal impulse is not possible,
the alternative method outlined in Figure 2 is often used. Here x(t) is a bipolar NRZ
pseudo-random (PN) sequence of length M. The PN sequence is used because it has the
desirable correlation property [13]:
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h(t)
x(t) y(t)modulated

PN source
correlator

replica 
of x(t)

Figure 2: PN sequence method for channel sounding. The received signal is correlated
with a locally generated replica of the transmitted modulated PN sequence. The resulting
correlation peaks identify the multipath reflections.
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λ

1
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1

Figure 3: Periodic correlation function for length-M PN sequence modulated with
bipolar NRZ pulse shape with a bit period of Tc seconds.

where Tc is the bit period. A plot of the correlation function (6) is shown in Figure 4
where it is seen that it is periodic with period Tc.

To see how channel sounding is accomplished using a signal with this property, consider
what happens when x(t) is passed through a two ray channel with impulse response given
by equation (2). In this case, )()()( τγ −Γ+= txetxty j . The channel sounding procedure
computes the cross correlation between the received signal y(t) and the transmitted PN
sequence x(t):

)()(

)()()(

τλλ
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γ −Γ+=
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∞
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XX
j

XX
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ReR

dttxtyR
                                                     (7)

The cross correlation function is plotted in Figure 4 for two important cases. In the first
case, τ > 2Tc so that the correlation peaks do not overlap. From the cross correlation
function, we are able to determine the magnitude, phase, and delay of the reflection.  In
the second case, τ < 2Tc so that the two correlation peaks overlap thereby making the
determination of the reflection properties problematic.
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Figure 4: Examples of the cross correlation between the transmitted length-M PN
sequence and the output of a 2-ray channel with impulse response given by Equation (3).
The top figure illustrates the case where the delay τ is greater than 2Tc. Two distinct
peaks are obvious and are separated by the time delay τ. The bottom figure illustrates the
case where τ is less than 2Tc. The two correlation peaks are smeared together making the
identification of the channel parameters problematic.

When τ < 2Tc it is still possible to perform some channel modeling using frequency
domain techniques. This technique uses the power spectral densities of the input and
output signals which we denote by SX(f) and SY(f), respectively, and exploits the
relationship

)()()(
2

fSfHfS XY = .                                                            (8)

Using this technique, the power spectral density of the received signal is computed then
divided by the power spectral density of the known transmitted signal (the PN sequence
in our case) to obtain an estimate of the magnitude of the channel transfer function
(which we call )(ˆ fH ):

)(

)(
)(ˆ 2

fS

fS
fH

X

Y= .                                                                (9)

As an illustration of the technique, assume a 2-ray channel model h(t) given by (2) with
corresponding transfer function given by (3). The channel transfer function H(f) is
completely specified by the three parameters Γ, γ, and τ. The parameters that most
closely match the data may be determined by choosing the parameters to minimize the
squared error between the assumed transfer function 2

)( fH  and the measured transfer

function 
2

)(ˆ fH . Usually, some weighting is used so that small values of 2
)( fH  and



2
)(ˆ fH are not ignored by the curve fitting process. For example, Rummler [14] divided

each point by the square of its absolute value. Here we use a different weighting by
converting the data to decibels (dB) to convert equal magnitude differences to linear

differences. In this way, the structure of 20 to 30 dB nulls in 
2

)(ˆ fH  are preserved in the

curve fit. In mathematical terms, the best-fit parameters are expressed as
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opt )(ˆlog20)(log20minarg,, fHfH

τγ
τγ                                       (10)

where the conversion to dB has been made explicit. The extension of this technique to the
3-ray model is straight forward. Since many of the delays encountered during the ARTM
channel sounding experiments were less than Tc, the frequency domain method was used
to process the data.

EXPERIMENTAL CONFIGURATION

The channel sounding experiments were conducted as outlined in Figure 5. A length-127
PN sequence was transmitted using a 10 Mbit/second BPSK transmitter in a T-39 aircraft.
A 2-Watt linear power amplifier was connected to a linearly polarized antenna mounted
under the fuselage. A GPS receiver logged the time and position for post flight data
correlation. The receiving station was located at Building 5790, the main telemetry
receiving site at the Edwards AFB complex. The receiver was equipped with a circularly
polarized tracking antenna, a wideband telemetry receiver with a linear 70 MHz IF
output, and data acquisition equipment. The receiver AGC signal was sampled at a rate of
50 ksamples/second and recorded with GPS derived time stamps.  The bit error counts
from the bit error rate analyzer were also logged.

The IF output was sampled at a rate of 100 Msamples/second using a high-speed digital
oscilloscope. The oscilloscope sampling-trigger was driven by a BPSK demodulator
coupled with a bit error rate analyzer.  Whenever the bit error count exceeded a certain
level, the sample trigger was asserted. During each trigger event, the digital oscilloscope
recorded 10 evenly spaced data segments. Each segment consisted of 10,000 samples, or
100 µseconds of data. At the end of each trigger event, the samples were downloaded
from the digital oscilloscope to a PC and logged with a time stamp.

To apply the frequency domain curve fitting techniques of Equations (9) and (10) to the
sampled data, careful associations must be made between the recorded discrete-time data
and the continuous-time data assumed by the technique. This association is outlined in
Figure 6. Here we see that we have samples of the output signal y(t) which we denote
y(nts) where ts = 10 ns is the sample period. Computing the N-point DFT of the sequence
y(nts) produces ( )

N

k
j

d eY π2
=Ω

Ω  for k = 0,1,…,N-1 where ( )Ωj
d eY  is the discrete-time Fourier



transform (DTFT) of y(nts) and ππ ≤Ω<−  is the discrete-time frequency. Using samples
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Figure 5: System configuration for the ARTM channel sounding flights.



which are frequency domain samples of ( ) 2
fH over those frequencies where X(f) has

support [15]. Thus we have
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Figure 6: Diagram illustrating the relationship between discrete-time processing and the
continuous-time channel impulse response.

Thus while it is impossible to sample h(t) given by (2), (4), or (5) directly (they are not
bandlimited signals), it is possible to model samples of H(f) over a limited frequency
range [15]. Using the DFT’s of the sampled input and output signals and Equation (12) in
place of ( ) 2

fH  in Equation (10), we are able to apply the frequency domain technique to

determine the least squares parameters for our channel model using the sampled data.

RESULTS

This paper reports on two of the ARTM channel sounding flights outlined in Table 1. The
basic idea of these flights was to gather information from different locations at different
frequencies using different receive antennas. This data represents a course sampling of
the multipath environments common to land-based aeronautical telemetry and gives us
some idea of the number, strength, and delays of the multipath reflections to be expected.

Table 1: Technical specification summaries for ARTM Flights 10 and 11.
ARTM flight identifier Flight 10 Flight 11
carrier frequency 1510.5 MHz 2344.5 MHz
receive antenna 8-foot parabolic reflector 12-foot parabolic reflector
segment spacing 200 msec 150 msec
flight path Black Mountain Cords Road



Some representative curve fits from Flight 10 are illustrated in Figures 7 and 8. These
figures also illustrate the data modeling technique using the DFT’s of the sampled
transmitted and received signals. Figure 7 demonstrates an example where the 2-ray
channel model is an excellent match to the data and suggests the existence of a strong
specular reflection with a relative amplitude of 0.97 and a differential delay (from the
line-of-sight path) of 47 ns. It is clear from the plot in the lower right hand corner that the
added complexity of the 3-ray model is unnecessary in modeling this particular data
segment. In this case the third ray has a relative amplitude of only 0.04 and could be
ignored. Figure 8 is an example where the 3-ray model is required. These results suggest
the presence of a strong multipath reflection delayed 74 ns from the line-of-sight signal
and a weaker multipath reflection delayed 302 ns from the line-of-sight signal.  Both of
these examples illustrate an important relationship between the 2- and 3-ray models. The
first reflection in the 3-ray model is usually the strong reflection associated with a short
delay and is consistent with the reflection modeled by the 2-ray channel model. The
second reflection of the 3-ray model is usually a weaker reflection with a long delay. The
inclusion of this additional multipath reflection improves the accuracy of the model.
Generalizing to L multipaths (see Equation (5)), it is evident that improved modeling
accuracy can be realized at the expense of computational complexity. Our experience
with these models and the available data suggest that a 3-ray model adequately captures
all the essential features of the channel distortions caused by multipath propagation.

The data used in Figure 8 also illustrates an important caveat of channel characterization
using the PN cross correlation method. The PN cross correlation for the data of Figure 8
is plotted in Figure 9. The PN cross-correlation data show three peaks at 0 ns (the line-of-
sight path), 120 ns, and 370 ns. The 120 ns spacing between the first and second
correlation peaks is well below the 200 ns spacing required by the PN correlation method
to resolve the individual multipath reflections. The correlation peak at 120 ns is a false
correlation peak resulting from the out-of-phase interference between the line-of-sight
path and the multipath reflection delayed 74 ns. When the delay between the multipaths
is greater than 200 ns, the PN cross correlation method does a nice job of identifying the
delay.  This is illustrated by the third correlation peak at 370 ns in Figure 9 and is
consistent with the frequency domain modeling results in Figure 8.
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Figure 7: Representative data from Flight 10. This data was recorded during the first
segment at time stamp 17:30:11. Starting in the upper left and moving clockwise: (1) the
DFT of the transmitted signal; (2) the DFT of the received signal; (3) the resulting
sampled channel transfer function together with the least squares curve fit for the 3-ray
model; (4) the resulting sampled channel transfer function together with the least squares
curve fit for the 2-ray model.
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Figure 8: Representative data from Flight 10. This data was recorded during the ninth
segment at time stamp 17:30:11. Starting in the upper left and moving clockwise: (1) the
DFT of the transmitted signal; (2) the DFT of the received signal; (3) the resulting
sampled channel transfer function together with the least squares curve fit for the 3-ray
model; (4) the resulting sampled channel transfer function together with the least squares
curve fit for the 2-ray model.
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Figure 9: PN cross correlation results for the data presented in Figure 8. These plots are a
good example of both the utility and danger of using the PN cross correlation method for
the channel parameter estimation. The tallest peak at (normalized) delay 0 ns represents
the line-of-sight signal. The frequency domain least-squares curve fits in Figure 8 show
that there are two delays accompanying the line-of-sight path.  The first delay is a strong
delay with relative amplitude 0.86 and relative delay 74 ns. The relative delay is much
shorter than the minimum 200 ns spacing required for delay estimation using the PN
cross correlation method.  In this example, the phase difference between the line-of-sight
path and the short-delay path causes a false peak at 120 ns in the correlation. This false
peak is obvious in the top plot. The frequency domain least squares curve fit in Figure 8
identifies a second delay with relative amplitude 0.3 and delay 302 ns. This delay is
obvious in the correlation curve in the top figure where a peak with relative amplitude
0.33 at 370 ns is observed.
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Figure 10: Sample data from Flight 11 showing an example of a long-delay multipath
reflection. The upper left plot is the DFT of the received signal (the transmitted signal is
identical to the one shown in Figures 7 and 8). The upper right is a plot of the measured
transfer function together with a plot of the least squares fit using the 2-ray model. The
bottom is a plot of the magnitude of the PN correlation function which shows a
correlation peak at 360 ns. Note the close agreement between the frequency domain
technique and the PN cross correlation method when the delay is well in excess of 200
ns.

Figure 10 illustrates sample results from Flight 11. This plot is an example of a long
multipath delay of 360 ns. As expected, a multipath characterized by a delay this long has
a relative amplitude which is smaller than the relative amplitudes associated with short-
delay multipath reflections. The frequency domain and PN cross-correlation methods
produce very similar results. This reinforces our confidence in the modeling results
obtained using the frequency domain technique.



Figure 11: Parameter summaries of the 2-ray model (left column) and 3-ray model (right
column) for the Black Mountain Run (ARTM Flight 10) at Edwards AFB with an aircraft
at an altitude of 5,000 feet.

Figures 11 through 14 summarize the 2- and 3-ray modeling results using the frequency-
domain technique. Figures 11 and 12 summarize the results from Flight 10 at L-band
while Figures 13 and 14 summarize the results from Flight 11 at S-band. We make the
following observations:

General Form for the Channel Model: In general, we observe two multipath reflections
together with the line-of-sight signal. The first multipath is a strong specular reflection
with relative amplitude greater than 0.5 and relative delay in the 30 to 70 ns range. The
second multipath is a much weaker reflection with relative amplitude less than 0.5 and
relative delay in the 175 to 325 ns range. To demonstrate that these numbers are
reasonable, we consider the cross sectional slice of terrain for Flight 10 at time 17:30:11
(the high-altitude Black Mountain run) shown in Figure 15. The differential path delays
for a single multipath reflection with reflection points A, B, and C as shown were
computed. The differential delay assuming a reflection from point A (the edge of the 3-
dB antenna beamwidth) is 28 ns. The differential delay assuming a reflection from point



B is 231 ns while the differential delay assuming a reflection from point C is 5855 ns.
These values bound the possible delays of multipath reflections from

Figure 12: Parameter summaries for the 2-ray model (left column) and 3-ray model
(right column) for the Black Mountain Run (ARTM Flight 10) at Edwards AFB with an
aircraft at an altitude of 10,000 feet.

the ground at this point in the test flight. The modeling results summarized in Figure 8
are within this range . Note that for the data modeled in Figure 8, we see that the strong,
short-delay reflection occurs off the dry lake bed approximately half way between the
aircraft and the receiver while the weak, long-delay reflection occurs in the foothills of
the Black Mountains.

Amplitude-Delay Relationship: In general, strong multipaths are characterized by short
delays on the order of 50 ns. Multipath reflections with longer relative delays on the order
of 200 to 300 ns are much weaker. This is to be expected since the longer paths that lead
to longer delays usually impose greater attenuation.
Frequency Dependency: Given the limited data available at this time, it is difficult to
determine which differences in Figures 11 through 14 are frequency dependent and which
are geometry dependent. Figures 13 and 14 demonstrate that there is tremendous



variation over a single flight path. Even though the frequencies and flight paths were
different, the results from the curve fitting at the two frequencies are quite similar. It is
clear that there is significant multipath interference at both the L- and S-bands.

Figure 13: Parameter summaries for the 2-ray model (left column) and 3-ray model
(right column) for the middle portion of the Cords Road Run (ARTM Flight 11) at
Edwards AFB with an aircraft at an altitude of 4,200 feet.

Altitude Dependency: An interesting relationship exists between transmitter altitude and
channel characteristics. Figure 11 summarizes the results for the Black Mountain run for
an aircraft at an altitude of 5,000 ft while Figure 12 summarizes the results for the same
flight path for an aircraft at an altitude of 10,000 ft. The low altitude run exhibited long
delays on the order of 200 to 300 ns which are completely absent in the high altitude run.
With a few exceptions, we see that the long-delay multipaths are weak reflections with a
relative amplitude of 0.2 or less. During the high altitude runs, the increased attenuation
due to the higher altitude and different incidence angles resulted in multipaths too weak
to trigger a data acquisition event.



Figure 14: Parameter summaries for the 2-ray model (left column) and 3-ray model
(right column) for the east-most portion of the Cords Road Run (ARTM Flight 11) at
Edwards AFB with an aircraft at an altitude of 4,500 feet.

Relationship to Bit Error Rate: Figures 16 and 17 present the bit error count together
with the channel sounding trigger events on the same time axis. The plot facilitates a
correlation between channel conditions and the recorded bit errors. The event numbers
below the trigger events are a key in cross-referencing the channel conditions
summarized in Tables 2 and 3. For the sake of brevity, the tables list average values for
the 2-ray model least-squares fit parameters. In general, the large amplitude reflections
cause the largest increases in bit error rates. This is to be expected. What these figures
suggest is that even relatively small multipath reflections with amplitudes 0.3 or less can
cause significant increases in the bit error rate.



Figure 15: Cross-section of the aircraft-to-ground station terrain for Flight 10, time
17:30:11. The vertical scale is exaggerated to show the terrain features where the
elevations are indicated. The line-of-sight path is shown as the solid line from the aircraft
to the ground station. The differential delay for a single multipath reflection for 3
different reflection points is computed: point A, the edge of the 3-dB beam width; point
B, the edge of the low hill overlooking the dry lake bed; point C, near the top of the
Black Mountains directly under the aircraft. The differential delays are 28 ns for point A,
231 ns for point B, and 5855 ns for point C.

CONCLUSIONS

We have summarized results from two ARTM channel sounding experiments designed to
provide a course sampling of the terrain and frequencies typical of land-based
aeronautical telemetry. Channel modeling was performed in both the time-domain (PN
cross correlation) and frequency domain (least squares curve fit to an assumed model).
The two methods provided consistent results when the differential path delays exceeded
200 ns. We demonstrated that the channel parameters derived from this analysis were
within the bounds imposed by the transmitter-to-receiver geometry. It is shown that 2-ray
and 3-ray multipath models provide an excellent match to the data obtained thus far. The
3-ray model is characterized by a strong line-of-sight propagation path; a strong short-
delay specular reflection with relative amplitude greater than 0.5 and delay in the 30 to 70
ns range; and a weaker, long delay specular reflection with relative amplitude less than
0.5 and delay in the 175 to 325 ns range. Finally, we demonstrated the correlation



between channel parameters and bit error rates. This analysis showed that that the
magnitude of the reflection is the dominant factor in determining bit error rate.

Table 2: Summary of average best-fit parameters for the 2-ray model  using data from
Flight 10. The event numbers correspond to the numbers marked in Figure 16. The
measured BER is the average BER over the interval during which the 10 data segments
were recorded.

Event
number

average
Γ

average
τ (ns)

measured
BER

1 0.32 297 4.0 ×10-3

2 0.28   46 9.0 ×10-7

3 0.29   61 3.8 ×10-6

4 0.10 349 7.0 ×10-7

5 0.46   26 1.2 ×10-3

6 0.76   45 2.3 ×10-6

7 0.27   24 1.9 ×10-6

8 0.35   50 1.5 ×10-6

9 0.75   50 8.2 ×10-3

10 0.51   22 1.0 ×10-5

Table 3: Summary of average best-fit parameters for the 2-ray model  using data from
Flight 11. The event numbers correspond to the numbers marked in Figure 17. The
measured BER is the average BER over the interval during which the 10 data segments
were recorded.

Event
number

average
Γ

average
τ (ns)

measured
BER

1 0.29 156 9.1 ×10-2

2 0.46 124 2.0 ×10-4

3 0.25 360 6.0 ×10-4

4 0.16 308 4.0 ×10-4

5 0.85 26 6.9 ×10-1

6 0.76 17 3.3 ×10-1

7 0.79 15 8.6 ×10-1

8 0.70 38 6.6 ×10-1

9 0.65 41 5.0 ×10-1

10 0.70 26 5.5 ×10-1

11 0.53 42 8.7 ×10-1



Figure 16: Correlation between recorded bit error counts and channel conditions for the first part of the low-altitude Black
Mountain Run from Flight 10. Each point on the  top line is a one plus the number of bit errors recorded by the bit error rate
analyzer during a 200 ms interval. The lower line plots the trigger events for the digital oscilloscope. The trigger events allow us to
perform a time correlation between bit error rate and recorded channel outputs. The event numbers below the trigger events are a
key in cross-referencing the channel conditions summarized in Table 2. Note that event numbers 2, 3, 4, 7, and 8 correspond to
channel conditions characterized by multipath reflections with relative amplitudes less than 0.3 and include both long (greater than
100 ns) and short (less than 100 ns) delays. Thus we see that even weak multipath can cause significant BER performance
degradation.



Figure 17: Correlation between recorded bit error counts and the channel conditions for the Cords Road Run from Flight 11.
Each point in the top line is the number of bit errors recorded by the bit error rate analyzer during a 150 ms interval. The lower
line plots the trigger events for the digital oscilloscope. The trigger events allow us to perform a time correlation between bit
error rate and recorded channel outputs. The event numbers below the trigger events are a key in cross-referencing the channel
conditions summarized in Table 3. Event numbers 1-4 occurred when the aircraft was at the mid-point of the Cords Road run.
At this point, the channel is characterized by long delays (longer than the 100 ns bit time) and amplitudes less than 0.5. Event
numbers 5 –11 occurred when the aircraft was at the eastern end of the Cords Road run where the channel is characterized by
short delays (less than half the 100 ns bit time) and amplitudes greater than 0.5. This plot illustrates clearly that the shorter,
stronger delays degrade BER performance much more than the weaker, longer delays.
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ABSTRACT

A typical telemetry system for aircraft flight-testing transmits one or several data streams
to the ground for real-time display and analysis, and also records the same stream on-
board for later playback. During test operations, only a fraction of the available data is
used at any given time for real-time display or analysis. More efficient use of the RF
channel could be realized if only the data needed for the current test point is transmitted,
rather than the entirety of the data. Intelligent selection of a subset of the data stream can
provide large reductions in the required telemetry downlink bandwidth.

As one of the Advanced Range Telemetry (ARTM) On-Board Data Management
(OBDM) initiatives, a prototype on-board data selection subsystem is being developed
and demonstrated. The demonstration utilizes COTS telemetry workstations to the
maximum extent possible and includes “plug-in” data requestor, selection, and server
components to implement the added DML functionality. A significant objective of the
OBDM/DML project will be to validate RF channel models to help minimize the amount
of flight-testing necessary to validate the DML concept.

This paper will discuss the OBDM/DML architecture, integration of several custom
components with the COTS portions of the ARTM “test bench”, and the current status of
the OBDM/DML development and test program.

KEY WORDS

Advanced Range Telemetry, On-board Processing, Dynamic Measurement Lists,
Packetized Telemetry



INTRODUCTION

Telemetry is utilized for the transmission of data and video necessary for the safe and
efficient conduct of test and training missions. Many programs require telemetry during
high-risk phases of air vehicle testing (Aerodynamic Flutter Analysis, Performance and
Flying Qualities, Engine Integration, etc.) for the safe conduct of the mission to prevent
aircraft damage or loss. Testers also use real-time telemetry data to decrease the mission
turnaround time by minimizing and/or optimizing post-flight analysis.

The system throughput capacities of modern data systems (like the Common Airborne
Instrumentation System) exceed the bit rate capacity of current range telemetry
capabilities. Coupling this with the shrinking spectrum allocated for telemetry results in a
serious problem for test, training, and space telemetry users. We can foresee that the
telemetry (TM) links will become the bottleneck in the end-to-end real-time data stream.
Telemetry providers are being required to provide more data with less spectrum.

To address this problem, the Advanced Range Telemetry (ARTM) program was created
and funded by the Central Test and Evaluation Investment Program (CTEIP) under the
Office of the Secretary of Defense, Undersecretary for Acquisition and Technology. The
ARTM project is intended to assure that test and training programs over the next several
decades can meet their data quantity and quality objectives in the face of these
challenges. ARTM expects to improve the efficiency of spectrum usage by changing
historical methods of acquiring telemetry data and transmitting it from systems under test
to range customers. The ARTM program is initiating advances in coding, compression,
data channel assignment, and modulation. On-Board Data Management (OBDM) and
processing is just one of the initiative areas being pursued by ARTM. Dynamic
Measurement Lists (DML) is one task of several which are attempting to better utilize
whatever TM bandwidth is available.

THESIS / RATIONALE

Over the years we have observed that, of the data available on board an aircraft under
test, flight test engineers in a control room on the ground are actually using a relatively
small percentage at any given time. A significant pre-flight effort is required to identify
those measurands/instruments which will be necessary and sufficient to support the
objectives of a given test flight. The subset identified for any given flight is typically
constrained most strongly by the availability of TM bandwidth and frequently represents
less than 10% of the data available on board (all of which is recorded on a tape recorder
for later post-flight analysis). The subset is also constrained by the time and effort
required to reprogram typical multiplexer-encoders, which tends to cause test and
instrumentation engineers to enlarge the subset to minimize the number of times
reprogramming is required.



We have also observed that, of the data available in the TM link, again only a portion
(perhaps 10% again) is actually in use at any given instant, due to the dynamic selection
of data for observation by test engineers. This selection typically takes the form, in
recently developed control rooms (such as IADS at Edwards AFB), of individual display
“pages” on computer workstations, potentially resulting in as little as 1% of the data
available on board being utilized on the ground..

The Dynamic Measurement List initiative proposes that TM data requests can be
formulated in real-time, based on the display pages test engineers have actually “pulled
up” on their workstations. As these data requests are modified, they can be uplinked to
the aircraft under test to support dynamic formatting of the TM downlink, such that, at
any given instant the TM downlink contains only the data actually desired and in use by
ground-based test engineers.

ARCHITECTURE

The typical, classical TM system comprises an on-board data encoder/formatter that is
programmed to select the desired subset of instrumentation. A ground station captures the
resulting TM stream and makes the data available to test engineers for display and
analysis, typically via a “Current Value Table” (CVT). Various mechanisms have been
used to forward the appropriate data to individual computer workstations. One model
broadcasts messages containing all available data to all workstations, leaving them to
extract the data they require. Alternatively, a data selector in the ground station responds
to a priori or dynamic data requests and sends customized messages to each workstation.

Conceptually, the proposed DML approach maintains the classical overall data system
architecture while simply moving the data selection mechanism from the ground station
up to the aircraft. This concept requires a command uplink to achieve its full potential,
but alternative implementations could utilize predefined data selection programs, perhaps
driven by on-board events, to achieve significant link bandwidth reductions. The key
requirement/concept of the DML initiative is that of an on-board dynamic data selector.

The problem is to determine dynamically, in real-time, the required data subset and to
define a bandwidth efficient method to select and to transmit that subset to the ground
station while minimizing latency, preserving time correlation, minimizing data drop outs,
and maintaining transparency to the system’s users.
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Figure 1 – Typical Test Instrumentation System

A typical flight test instrumentation system (Figure 1) consists of an airborne (or space)
segment, a ground (station) segment, and a user (display and analysis) segment. The
airborne segment consists of the instrumentation required to collect data, format it for
transmission, and telemetry transmitters and antennae. In some situations, a command
and control (C2) transceiver is included. The ground segment typically consists of
appropriate antennae, receivers (and C2 transceiver), telemetry synchronization and
formatting equipment and software, and communications facilities to send appropriate
data to the user segment. The user segment typically consists of multiple engineering
workstation computers, potentially widely scattered geographically.

Current airborne telemetry data acquisition systems (PCM and avionics bus) do not have
dynamic reconfiguration capabilities. A “Dynamic Measurement List” (DML) capability
is to be implemented in a typical flight test instrumentation system through appropriate
insertions of software, to allow a wide range of DML experimentation.

Objectives for the DML demonstration include:

• Be “bulletproof” – if it’s not absolutely reliable, don’t bother.

• Minimize the telemetry downlink bandwidth required to support real-time analysis
of flight tests by selecting and transmitting only those measurements that are
actively being monitored/analyzed by ground-based personnel and/or automated
systems.

• Select measurements to be down linked in accordance with a prioritization strategy
to insure that predefined critical measurements are always transmitted and that
currently requested measurements are transmitted if bandwidth is available.

• Maximize the utilization of the downlink by filling unused bandwidth with useful
or anticipated measurements, perhaps by analysis of flight card information.



DESIGN CONCEPT

In general terms, functionality will be added to the ground-based portions of a telemetry
data acquisition and analysis system to identify only active measurements and to issue
instructions to the airborne portion of the system to transmit only those measurements.
All information necessary for operation of the telemetry system will be stored in a
relational database. In addition to setup information, a priori requests for data to be
recorded, to be transmitted, analyzed and displayed in real-time, as well as flight card
information, may be stored. Any data prioritization information, perhaps based on
mission and test point, from test engineers and managers may be entered into the
database prior to the mission. Critical (high priority) measurements should be identified
so that they will always be sent to the ground station in case of test vehicle loss. Indicator
measurements could be monitored (possibly in the on-board portion of the system) so that
exceeding a critical threshold could trigger a change in the content of the downlink to
more relevant data. Test engineers will be able to dynamically modify the content of the
downlink based on their current real-time data needs, presumably as indicated by data
display pages they select and/or analytical software they choose to run. The Test
Director/Manager will define a list of low priority measurements to be used as “fill” if the
active data requests don’t utilize the available downlink bandwidth. A really “smart”
system might even be able to anticipate the upcoming needs of test engineers and use
these measurements as “fill”. Finally, “never transmit” measurements will be defined to
eliminate any “dead” measurements which are of no use during a given mission.

Three major subsystems will be developed and added to the three segments defined in the
Background section (see Figure 2). A DML Requestor will be integrated with the user
segment; a DML Server with the ground station segment, and a DML Selector with the
airborne segment. The Requestor will communicate with the Server via the network
connecting the analysis and ground station segments. The Server will pass downlink
format requests to the Selector via a command uplink implemented using telemetry
modems. Downlink data will be “intercepted” by the DML Server near the ground station
segment output and the DML Server will forward the data requested by each analysis
workstation to those workstations.

The DML Requestor will provide the user segment with appropriate information to allow
the user to identify the data currently available to him, potentially from several
concurrent test activities. The user will be able to select the data of interest to him,
typically by selecting predefined (graphical) display pages, by manually selecting
individual measurements to be displayed using generic tools, or indirectly via analysis
software. The potential will also exist for automatically sequencing displays/pages based
on various selection strategies, e.g. test step on a flight (test) card, selection from various
predefined anomalous situations, etc. Each user workstation’s DML Requestor will
forward its workstation’s current request to the (appropriate) DML Server. A single



Figure 2 – DML Modified Instrumentation System

specific workstation will be designated as the Test Director’s workstation, giving it
management authority over certain operational aspects of the DML Server and overall
DML system.

Multiple DML Servers will eventually be supported, to allow multiple concurrent flight
tests. Each Server will provide appropriate information to any DML Requestor to
facilitate measurement selection by engineering users. This information will be extracted
from a relational database established and loaded prior to any flight test activity. The
DML Server will respond to each data request by combining (forming the union of) all
user data requests, a (high priority) critical data request, and a (low priority) background
“fill” data request. The test director (who will be the highest priority user) may prioritize
individual users, insuring that high priority users have their data requests filled,
potentially at the expense of low priority users. The DML Server will then forward, via
the C2 uplink, the combined data request to the DML Selector in the airborne/space
segment.

The DML Server will maintain sufficient prior, current, and proposed data request
information to enable it to inform the user segment when the format of data packets is
about to change. Updated format description information will be forwarded to the user
segment when the DML Server detects a downlink format change. The DML Selector
will insert a minimum of overhead data in the downlink to enable the DML Server to
detect the format change.
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The DML Server will attempt to minimize its utilization of the C2 link through several
strategies. Several (nearly) simultaneous user requests could be aggregated if some small
delay in forwarding the combined request is acceptable. Only changes (adds and deletes)
to the currently active request need be forwarded to the airborne DML Selector,
providing a mechanism for guaranteeing synchrony between the DML Server’s and the
DML Selector’s version of the request is incorporated.

When the DML Selector receives the ground station segment’s combined data request, it
will update its replica of the current data request and begin transmitting the newly
selected measurements via the downlink. It is not yet clear which of two basic
transmission strategies will be optimal: fixed length PCM frames containing a fixed
number of measurements, or variable length “packets” carried over fixed length
“transport frames”, a la CCSDS. The latter strategy has the advantage of more easily
supporting a generalized networking model, potentially allowing implementation of a
full-blown internetworking capability between the air vehicle and ground systems. Both
strategies will be explored during development and evaluation of the initial system. In
any event, an identifying sequence number will be inserted into the downlink data
frame/packet to allow the DML Server to determine when the content of received data
packets has changed.

Upon detection of a downlink format change, the DML Server will inform the user
workstations that a change has occurred. Two general possibilities exist for the
distribution of data to the workstations: point-to-point (logical) links can be created
between the Server and each workstation, or a multicast arrangement can be utilized. If
the point-to-point strategy is implemented, the Server will be responsible for sending a
format description message to each workstation, followed by a stream of data messages
containing the measurements requested by each workstation. If the multicast strategy is
implemented, the Server will insert a (multicast) format message into the data message
stream, which would consist essentially of the data frames/packets transported over the
telemetry downlink. As each workstation receives the format message, it will use its own
copy of its data request to determine the location of the measurements it requested, then
extract those measurements from each subsequent data message. In either case, each
workstation receives the data it requested a short while earlier. It is anticipated that the
request latency will be less than a second in typical aircraft test situations.

IMPLEMENTATION

The ARTM program has established both a ground-based test laboratory and an Airborne
Telemetry Demonstration System (ATDS). AvTec Systems’ PTP-NT telemetry
workstations provide support for onboard processing and data management experiments.
One of the workstations is installed on a T-39 (SaberLiner) and provides instrumentation
simulation capabilities along with capacity for on-board processing experiments. The



second workstation is installed in the ARTM ground station. A third Windows NT
workstation is also installed in/near the ground station to emulate a typical test engineer
workstation/console.

The AvTec PTP-NT telemetry software is being used to provide a basic TM system
emulation. The airborne workstation emulates an instrumentation system by allowing the
playback of an IRIG-106 Chapter 4 (PCM) multiplexed telemetry link recording. The
PTP hardware/software can be configured to format and transmit either PCM or CCSDS
(packetized telemetry) link formats. The ground-based workstation is configured to
provide basic ground station functionality including separation of the data payload from
either TM transmission mechanism. In a simple classical TM system emulation, the data
payload (typically a Chapter 4 minor frame) is simply passed to the user’s NT
workstation for display.

In one configuration (Figure 3), we were experimenting with multiplexing multiple
asynchronous data streams into a CCSDS “carrier”. The highlighted DML Data
Requestor temporarily combines the minimal functionality of a user display station and
the ground station data server. A test engineer interacts with the Data Requestor to create
a message that is passed over the Digital Communication Network System (DCNS) to the
highlighted Data Selector. The Data Selector extracts the requested data from the Chapter
4 frames and constructs variable length payloads that are multiplexed into the CCSDS
downlink. Upon reception by the ground segment, the payloads are extracted and passed
to the Data Requestor for display to the test engineer. Both highlighted custom DML
components were simple Visual Basic programs that communicate with the rest of the
system using User Datagram Protocol (UDP) network sockets (“fat” arrows in Figure 3).
The DML components are implemented in such a way that they can “talk” to each other
without the other portions of the system simply by running them on one computer.

STATUS / ISSUES

Quite recently, all the disparate components of the ATDS “test bed” have finally been
collected and assembled. Presently, we are adding functionality to the basic Data
Requestor and Data Selector and defining the communications protocols necessary to
achieve a robust dynamic telemetry system. Ground testing of the prototype system (as
described by Figure 3) has just been accomplished; flight-testing is expected to begin this
summer (FY99).

The next major step will be the design and implementation of the prioritization scheme
discussed above in the Design Concept section. The optimal means for implementing this
“Quality of Service” mechanism is not at all clear at the present time. It is clear, however,
that something resembling packetized telemetry mechanisms will be required, and that
the data payloads will be of varying length from one packet to the next.



UDP
Socket

GPS

VC
Simulator

Serial
Output

Serial
Input

Data Logger

VC
Processor

Packet
Processor

Packet
Processor

SDS001C
.DAT

File
Playback

UDP
Socket

CPU Timer

Data Selector

UDP
Socket

FQPSK
Modem

FTE Manual
Input

UDP
Socket

Selected
TM Data

SNMP Bridge SNMP Bridge

File
Recorder

Data Requestor

FTE Manual
Input

File
Recorder

GPS Data

GUI
Display

6000

800
0

FQPSK
Modem

Microdyne
700

Receiver

PreMod
Filter &

L-band TX

DCNS
UHF RF
Modem

DCNS
UHF RF
Modem

900
0

161 162

900
0

161162

Airborne Segment.dtp Ground Segment.dtp

Data Channel

Command Channel

Figure 3 – DML Experimental Instrumentation System

An interesting question has arisen in the preliminary analysis of the DML concept. On
occasion, an on-board event will occur that causes the Test Engineer to want to “back up”
and look at some data that was not on his screen during the event. Some telemetry
systems maintain a buffer containing the most recent several minutes of all the down
linked data to support these needs. A DML ground system could maintain such a “look-
back” buffer, but it is unlikely that it would contain the desired data. However, with the
advent of on-board data recorders with a real-time “playback” capability, the downlink
could be reconfigured to accommodate a playback request. But then the normal real-time
data must be impacted either by reducing the number and/or the rate of the measurements
being sent, leading to some interesting “holes” in the real-time data that might be
available in a ground-based playback buffer. Requirements derived from this sort of
desire for a playback capability will have to be addressed in more detail as the
development of the DML concept proceeds.

Some concern has also been raised about the partial failure characteristics of the DML
concept, particularly the situation where the command uplink is lost, either temporarily or
permanently. Possible solutions include the definition of fallback link formats and
content. We anticipate that many more issues will arise as we make further progress over
the next few months.
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ABSTRACT

Data from ARTM channel sounding test flights is examined to characterize the dynamic
channel behavior of aeronautical telemetry channels. The dynamic behavior is
characterized using the Doppler power spectrum. The width of the Doppler power
spectrum is the Doppler bandwidth of the channel which indicates the required bandwidth
of adaptive detection techniques such as adaptive equalization, adaptive modulation,
adaptive channel selection and adaptive error control coding. Data collected from ARTM
Flight 11 suggest a Doppler bandwidth exceeding 6.7 Hz for the channel, but greater
accuracy and resolution will only be possible with more data.
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INTRODUCTION

Multipath fading is a common telemetry problem, which may vary substantially with
time for any given channel. As the transmitter or receiver move relative to each other, the
types of terrain or individual scatterers which separate them often change. As a result,
frequency fades may be stronger or more common at certain times than at others.

A common solution to the problem of channel distortion is to estimate the worst-case
channel distortion and design a channel equalization filter to undo the effects of the
distortion. Clearly, if the channel changes over time, we would be undoing a distortion
that is not even present. That may distort the channel and make it worse than doing
nothing at all. The typical approach, then, for a time-varying channel is to use a filter
whose coefficients are updated at some appropriate interval.



Adaptive algorithms form a whole class of techniques which can be applied to
telemetering problems. Adaptive channel equalization is just one example. As a further
example, adaptive modulation schemes can vary the number and position of constellation
points, which forms the basis of modem operation as they negotiate the optimal baud rate
at a given instant. The key principle of adaptive algorithms is that they are not designed
to work by brute force during one set of worst-case conditions. By updating channel
model parameters at an appropriate interval they react to the actual channel conditions
rather than initial conditions, which have long since changed.

But that all just raises one more very important question: what is an “appropriate
interval?” How often should the channel be sensed and the models updated? That is the
essence of the Doppler bandwidth parameter Bd and its reciprocal, (∆t)C, the coherence
time of the channel. Basically, the coherence time is a measure of how long the channel
can be viewed as though it did not change over time. A long coherence time would mean,
that the appropriate update interval would be rather long. Likewise, a short coherence
time would mean that the appropriate update interval would be quite short. Algorithms
designed to adaptively compensate for channel conditions, should be set to update at least
as often as Bd times per second.

This paper examines the standard approach of quantifying the channel dynamics and
applies this technique to the ARTM channel sounding data.

DETERMINATION OF THE DOPPLER BANDWIDTH FOR A RAPIDLY
CHANGING CHANNEL

The Doppler bandwidth is defined as the range of values over which the Doppler power
spectrum is nonzero [1]. As an example of the procedure for computing the Doppler
power spectrum, consider the time sequence of 10 consecutive power spectra illustrated
in Figure 1a. The ten spectra are plotted one in front of another and each represents a
snapshot of the channel response at 150 msec time intervals during ARTM Flight 11.
Each one is quite different from at least one of its neighbors suggesting that our snapshot
sample rate is too slow to capture all of the channel behavior. The “snapshot sample rate”
will be used in this paper to describe the rate at which snapshots are taken. Thus for the
plots in this paper, the snapshot sample rate is measured in the time variable t, not the
delay variable τ, which is tied to the sample rate used to collect the data (100
Msamples/second for Flights 10 and 11). It is clear that there is a null in the front
frequency response near +2 MHz relative to the carrier frequency. Though somewhat
concealed, in the fourth, seventh and tenth plots, there are also nulls which sweep from
right to left as you move back in the cascade of plots. The other plots in the ten-plot
sequence have negligible fading. This indicates that during the first, fourth, seventh and
tenth snapshots, there was a strong (-30 dB) frequency-selective fade near the carrier
frequency. The frequency-selective fading lessens and almost disappears altogether



within another 150 msec. Thus, as the plane progressed through its flight the nature of
multipath distortion changes drastically with time.

Normally, we assume that the channel has a specific frequency response or transfer
function H(f) and the power spectrum corresponds to |H(f)|2, but that would be incomplete
here. Figure 1a clearly shows that the frequency response of the channel changes with
time, so it makes more sense to consider the plot in Figure 1a as a plot of |H(f,t)|2, where
H(f,t) is a transfer function reflecting the channel's time dependence. It is exactly this
time dependence of the channel that we will explore.

Figure 1  Data segment from ARTM Flight 11 starting at 18:53:38 showing its (a)
magnitude squared channel transfer function, |H(f,t)|2, (b) delay-correlation
function, R(ττ,t), (c) scattering function SC(t,ννn) and (d) Doppler power spectrum,
SC(ννn).
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We proceed by taking an inverse Fourier transform of the data with respect to our
frequency variable and plot the result in Figure 1b. The inverse Fourier transform of the
time-varying power spectrum |H(f,t)|2 is the time-varying correlation function R(τ,t), i.e.:

),(|),(|
12 tRtfH F τ→←

−

         (1)

where the correlation is in τ, the delay variable [2]. The ten plots of Figure 1b appear
much more similar to each other than the plots of Figure 1a do. Each looks like a narrow
peak with some small unevenness at the base and then is virtually zero over the rest of the
range. The unevenness at the bases of the peaks are actually the result of multipath with
delays too small to be resolved using this technique [3]. (The delays of a couple of other
data sets are quite resolvable as can be seen in Figure 3b. For a discussion of the
multipath characterization ARTM Flights 10 and 11 see [3].) The plots in Figure 1b show
that the data transmitted through the channel is uncorrelated with delayed versions of
itself except at very small delays. Ideally it should be uncorrelated with itself except at a
delay of zero, because the transmitted signal is a pseudo noise (PN) sequence. Because of
the multipath distortion, however, one or more copies of the signal arrive at some small
delay after the signal first arrives by way of the line of sight (LOS) path and widens the
bases of the peaks.

Though less variation is visible in Figure 1b as compared to Figure 1b, the same trends
can be seen. A close look at Figure 1b reveals that the peaks in the first and fourth plots
are somewhat wider than the peaks of the other plots. This indicates that more signal
energy is arriving with a delay relative to the LOS path in the first and fourth plots than in
the others. Thus, strong frequency selective fades tend to occur during times of more
intense multipath distortion.

We would like to determine how quickly the channel changes its nature over time so that
adaptive techniques can keep up with the changing channel. That reduces to a question of
the frequency content of the time variations of the channel. Intuition suggests that we
should take a Fourier transform with respect to our time variable t, as strange as that may
seem. Rather than dealing with transforms of the data in the τ ↔ f dimension, which
corresponds to each of the ten individual plots of Figures 1a and 1b, we take the Fourier
transform across the ten plots for each value of τ. Then we compute the magnitude
squared of the data. The result is called the Scattering function, Sc(τ, ν), of the data and is
plotted in Figure 1c based on the following relationship:

),(),( νττ C
F StR →← .        (2)

Sc(τ, ν) is called the scattering function of the data by analogy to various basic channel
models as discussed in [4] in which multipath distortion is the result of waves arriving
from point scatterers. It is the same function used by radar engineers, though the formula



may not be in the same form they are used to seeing. In the plots in this paper, the
scattering function is a function of the delay τ, and the normalized Doppler shift νn. The
normalization is performed by dividing out the dependence of the Doppler shift, ν, on the
velocity of the source and the angle, α, between the direction of travel and the line
connecting the source and receiver as defined below:

α
νν cos)(velocityn =        (3)

The Doppler shift indicates the apparent change in frequency of the signal arriving at the
receiver relative to the frequency it would have, had it arrived by the LOS path [5]. Thus,
the scattering function shows the output power of the signal as a function of delay and
Doppler shift.

First note in Figure 1c that there is a large peak in the scattering function at zero delay
and zero Doppler shift. That corresponds to the LOS path, which contains the most signal
power. Next one notices that the scattering function is a symmetric in the delay variable.
This comes from the fact that R(τ,t) is a correlation function and is symmetric in τ.
Although the scattering function is higher in the center and generally drops off as |νn|
increases, the scattering function seems to come back up. That indicates that there is still
a fair amount of signal power at the edge of our Doppler shift range. This will be
explored a little later in this section when the Doppler power spectrum is treated.

To simplify the information presented by the scattering function, Sc(τ, νn) is reduced to a
function of just one variable relating the Doppler shift to the time variations of the
channel. Following the development in [5], we look at the impact of the channel on the
transmission of a single tone. Setting the frequency variation to zero in our derivation is
the equivalent of integrating out the delay variable in the scattering function [5] and
obtain the Doppler power spectrum:

SC(νn) = ∫
∞

∞−
;S(τ νn)dτ        (4)

The Doppler power spectrum SC(νn) for our data is given in Figure 1d.

A particular disappointment in the data is the strikingly low resolution of the plots in
Figure 1c in the νn direction. That is an important problem, which should be easy to solve
at a later date. Looking back at Figure 1b, one sees that there are only ten points in the
time dimension at each delay, so all we can do is perform a 10-point DFT. The result is a
large collection of 10-point plots in the Doppler shift dimension—one for each delay
value. When we have more consecutive snapshots of the channel in time, we will be able
to see much finer resolution and capture much more of the channel behavior.



To calculate what resolution is theoretically possible with our data, one looks first at the
snapshot sample rate of the data. A snapshot of the channel is taken every 150 msec, so
the sample rate is

HzF m
sample

s 3
20

sec150
1 == .        (5)

Now a 10-point DFT gives us ten frequency bins, so each bin corresponds to Fs/10 = 2/3
Hz per bin or data point. Our data will be able to tell us about Doppler shifts as large as ±
Fs/2 = ± 3.33 Hz. But Doppler shifts are actually a function of relative velocities and
angles. To allow us to recompute the Doppler shifts for the channel under different
velocities and angles, we normalizing this range by dividing by the velocity (see Equation
3). Our points occur with a per-data-point resolution of 7.46 cycles/mm, which
corresponds to a range of normalized Doppler shifts of ± 37.3 cycles/mm. To increase the
range of measurable values, one must increase the snapshot sample rate. In summary,
Figures 1c and 1d show us the Doppler shift behavior of the channel at a resolution of
0.67 Hz over the range ± 3.33 Hz, which corresponds to a normalized resolution and
range of 7.46 cycles/mm and ± 37.3 cycles/mm, respectively. Increasing the number of
consecutive samples would increase the resolution of our results and increasing the
snapshot sampling frequency would increase the range of the Doppler shifts which can be
observed.

As with the scattering function, we notice that the Doppler power spectrum is choppy and
lacks much detail, which comes from the fact that we only had ten points of resolution in
each of the DFT’s which are averaged together. That problem will be reduced as soon as
longer strings of data can be collected and used. We notice as with the scattering function
that the Doppler power spectrum is largest for νn = 0 and generally drops off as |νn|
increases. This indicates that most of the power arrives by the line of sight path.

On the other hand, at + 37 cycles/mm, there is a secondary peak. Though little power (-20
dB) is coming through there, it is well above the noise floor, which falls at roughly –30
dB. It suggests that there might be a very specific Doppler shift in the data arriving at the
receiver due to specific wave scatterer. One also notices that the spectrum never dips
below –25 dB over the entire range. Compare this with the idealized time-invariant case
of Figure 2d in which most of the data points are well below the noise floor (–300 dB).
The output power of this segment of data is significant at all Doppler shifts in this range
of ± 37.3 cycles/mm. Thus the Doppler bandwidth Bd ≥ 74.6 cycles/mm or 6.7 Hz. (Here,
“significant” is taken to mean that the receiver would easily notice the signal arriving at
these strengths.)

The coherence time of the channel is the reciprocal of the Doppler bandwidth and
quantifies how long the channel can be viewed as though it did not change over time. The
reason for the reciprocal relationship for the two values is that they quantify functions



related through a Fourier transform [1]. For our section of Flight 11, then, the coherence
time is:

(∆t)C = 1/Bd < 150 msec.        (6)

This is not at all surprising, since we are dealing with a rapidly changing channel. From
Figure 1a it was clear that the channel changed from showing severe multipath distortion
to showing very little within 150 msec. Clearly the channel cannot be viewed as time
invariant for as long as 150 msec. A higher snapshot sample rate would be necessary to
determine how wide large a value of Bd might suffice to capture most channel variations.

Another problem with our data is that it is heavily skewed toward the channel behavior
during periods of noticeable multipath distortion. A sequence of ten channel snapshots is
triggered when the bit error rate (BER) exceeds a certain threshold. That is most likely
when the channel is particularly distorted through interference such as multipath. Periods
of low BER are simply not represented. If rapid changes occur in the channel during
periods of low BER, these will not show up in our data. Intuitively, there seems to be
little danger of this. Regions of low BER generally coincide with a high signal to noise
ratio (SNR) and with low channel distortion. Major changes in the channel's frequency
response are unlikely and one might not worry much about updating adaptive algorithms
much. Still, that hypothesis can only be confirmed when more data taken during periods
of low BER is available.

THE TIME-INVARIANT CHANNEL

To gain an intuitive understanding of what this Doppler bandwidth data means, it is
instructive to compare our results with those for a time-invariant channel. In a time-
invariant channel, each snapshot of the time-varying transfer function |H(f,t)|2 would be
identical. Thus, the delay-time correlation function RC(τ,t) would remain constant over
our time variable t. But the scattering function would look very different from what we
have seen in Figure 1c. Because there is no variation between snapshots of RC(τ,t), each
of the Fourier transforms which generate Sc(τ, νn) would be the Fourier transform of a
constant for any given delay τ. That means that we should see impulse functions of νn,
and these impulse functions would all integrate to a single impulse function of νn in the
Doppler power spectrum Sc(νn).

Figure 2 gives a concrete example of the theory discussed above. We form a time-
invariant system by taking the first snapshot of the channel in Figure 1a and repeating it
to create ten identical snapshots of an idealized channel (see Figure 2a). Next, we
compute the delay-time correlation function for the channel as described in the last
section and plot it in Figure 2b. Comparing these plots with those of Figure 1a and 1b,
one notices that they look very similar with one important difference: they do not vary



from one snapshot to the next. But the time-invariant scattering function Sc(τ, νn) shown
in Figure 2c is very different from the time-varying case. Rather than an interesting group
of peaks, we have a single ridge which varies only slightly in height. The incredible drop
off on either side of the ridge (-350 dB) and the discrete nature of our snapshots suggests
that the scattering function is nothing but a row of impulse functions in τ. These integrate
to a single impulse function, Sc(νn), as shown in Figure 2d, which we plot relative to a
reasonable noise floor of –30 dB, rather than showing an overly idealized dynamic range.

Figure 2  Data segment created from ARTM Flight 11 by duplicating the channel
frequency response at 18:53:38, showing its (a) magnitude squared channel transfer
function, |H(f,t)|2, (b) delay-correlation function, R(ττ,t), (c) scattering function
SC(t,ννn) and (d) Doppler power spectrum, SC(ννn).

Because all of the energy is concentrated at νn = 0 in the Doppler power spectrum of a
time-invariant channel, as seen in the impulse function of Figure 2d, the Doppler
bandwidth is zero. That makes good physical sense. There is no variation in the channel,
so the snapshot frequency content of channel with respect to time is zero as characterized
by a Doppler bandwidth Bd = 0. Channels that change slowly would be expected to have
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small but nonzero Doppler bandwidths and rapidly changing channels should have larger
Doppler Bandwidths. Because the coherence time is the reciprocal of the Doppler
bandwidth, we find that the coherence time, (∆t)C = ∞ for the time-invariant channel.
That indicates that knowing the nature of the channel at some point in time tells us the
nature of the channel at every other time. If the channel were to change slowly, the
coherence time would still be large, but finite. Rapidly changing channels would have a
much smaller coherence time.

DETERMINATION OF THE DOPPLER BANDWIDTH FOR A LESS RAPIDLY
CHANGING CHANNEL

We found in dealing with rapidly changing channels, that the snapshot sample rate of our
data may limit our ability to calculate the Doppler bandwidth. Here we look briefly at a
data set from Flight 10 in which the snapshot sampling rate may actually be adequate.
Looking at Figure 3a, we notice that the changes in the frequency response of the channel
appear to be rather gradual. There is a deep null of –30 dB at 4 MHz above the carrier
frequency in the front plot which seems to shift gradually toward the carrier frequency.
As the channel progresses in time, the null eventually splits into two nulls by the tenth
plot.

The plots of the correlation function R(τ,t) in Figure 3b suggests an explanation for the
splitting of the null. The front plots all look much like those of Figure 1b which show a
channel with only one strong multipath component. By the tenth plot, however, they look
quite different. The main peak has split into three peaks and a couple of much shorter
peaks at a delay of 370 nsec. This plot corresponds to Figure 9 in [3], with the plot
reflected and made symmetric through the point τ = 0. The difference comes from the
fact that only one strong multipath component is present in the front plots but by the tenth
plot at least two strong reflections arrive at the receiver in addition to the LOS signal [3].
The key idea to keep in mind for our discussion, though, is simply that these changes
appear to happen slowly enough that our snapshot sampling rate (5 Hz for Flight 10)
captures the channel behavior.

As a result, the scattering function has a tighter concentration of energy at lower Doppler
shifts as can be seen in Figure 3c. That same concentration of energy at lower Doppler
shifts is especially evident in the Doppler power spectrum shown in Figure 3d. Here, the
power of the spectrum drops off consistently with increasing |νn| and drops clear down to
the noise floor of –30 dB at 25 cycles/mm. This indicates that the changes in the channel
all happen at a rate less than about 22 cycles/mm or at 2.2 Hz. That simply means that
changes in the channel occur at a rate of 2.2 Hz or less and can be observed at 5 Hz since
that just satisfies the Nyquist sampling criterion. The data suggest a Doppler bandwidth
Bd = 4.4 Hz and the coherence time (∆t)C = 230 msec—just larger than the separation
between our samples.



It would be wrong to assume that either the Doppler bandwidth or coherence time given
above is accurate for all of ARTM Flight 10 data sets. The data comes from a very brief
window of the data and is not at all representative of the rest of the flight. Other segments
of the data are much more like that of  Figure 1 and exceed the limitations of the data as
well. The problem with analyzing all of the data we currently have is that it is not a
continuous run. It comes in widely separated segments which were triggered by a high
BER. Large intervals are simply missing.

Figure 3  Data segment from ARTM Flight 10 starting at 17:30:11 showing its (a)
magnitude squared channel transfer function, |H(f,t)|2, (b) delay-correlation
function, R(ττ,t), (c) scattering function SC(t,ννn) and (d) Doppler power spectrum,
SC(ννn).
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CONCLUSIONS

The Doppler bandwidth and coherence time of a channel are valuable parameters to
measure for a given channel. They indicate how quickly channel parameters are changing
or equivalently how long a given channel characterization will be valid. This is extremely
important in any adaptive channel techniques, such as adaptive channel equalization,
adaptive modulation, adaptive channel selection and adaptive error control coding.
Knowing the Doppler bandwidth helps specify an update rate for such algorithms and
optimize the computational intensity of any adaptive technique.

ARTM Flight 11 data indicates that when angle of travel is ignored, at a velocity of 90
m/s or 200 mph, the Doppler power spectrum is significantly larger than zero over a
range of ± 3.3 Hz. The Doppler bandwidth Bd is greater than 6.7 Hz and the coherence
time of the channel is less than 150 msec. Thus any adaptive algorithm applied to the
channel should update parameters at a rate greater than 6.7 times per second in order to
account for the channel variations.

These values do not tell the whole story, however, because the data of ARTM Flight 11 is
rather limited. Because the number of snapshots of the channel in each segment is small
(10), the resolution is low. Little more can be said about the channel except that it is
know at a few discrete points and could take on any value in between these points. And
because the snapshot sample rate is low (6.67 Hz), we cannot say how much larger the
Doppler bandwidth is than 6.7 Hz. Both of these problems reduce to one solution: we
need more data. The other question to explore is to determine how skewed the data is
toward segments containing channel distortion. It would be valuable to determine for sure
that the channel really does appear less time variant during periods of low BER than
during periods of high BER. Should that prove true, the current sounding technique will
tell us all we need to know about the Doppler bandwidth. In that case, data not
represented by the data would have been drowned out anyway by the results of the data
which does get recorded.

Similar data can be calculated for ARTM Flight 10, but also paints an incomplete picture
of the channel. For one segment of Flight 10, the Doppler bandwidth is 4.4 Hz and the
coherence time is 230 msec, but the data is rather out of context. The current channel
sounding technique only offers disjoint segments triggered by a high BER and is not
representative of the full channel.

Because an unlimited data set is not a possibility, the most important question to address
might be what range of the Doppler spectrum is worth examining for our channel. To
determine that would require a higher snapshot sample rate to capture a wider Doppler
shift range of the Doppler spectrum. The next issue to address might be to double-check
that a BER-independent collection of data reveals no more about the channel than the



current data collection method does. Finally, it would be important to collect a large
number of consecutive channel snapshots and examine the channel behavior at a finer
Doppler shift resolution.
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A VERSATILE PROGRAMMABLE FUNCTION RF ASIC
FOR SPACE-BASED RF SYSTEMS
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ABSTRACT

A programmable RF ASIC is described which provides most of the RF functions within a
next generation S-band transponder for space applications. The unique 18-contact LCC
device can be programmed to perform a variety of RF and analog functions. This single
space qualified high speed bipolar "function toolbox" is used in 39 locations throughout
the transponder to provide a flexible radio architecture. The ASIC design process,
internal electrical design, circuit application, space environment performance, and RF
testing of the RF ASIC are described. This proprietary part provides a space-qualified
solution for RF circuitry that can be applied to a variety of space application products.
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TOOLBOX ASIC APPROACH FOR SPACE ENVIRONMENT

In 1996, L-3 Conic selected a novel custom RF ASIC “function toolbox” approach to
meet the rigorous demands of a new space-environment S-band transponder. To
minimize component qualification and screening cost, one single chip design provides 13
RF and analog circuit functions available as either bonding options or as pin-
programmable functions. The single chip design, dubbed “Chameleon”, is used in 39
positions within the new transponder. In each position, the Chameleon takes on the
function enabled by its circuit board connection.

While the “function toolbox” approach may seem inefficient from the standpoint of chip
count and silicon usage, it is highly effective in space applications where a larger number
of a single part type can be qualified and screened to replace a myriad of miscellaneous
discrete component types used in lower quantity. In addition, making changes to the
lineup within the block diagram is simply a matter of rearranging the RF chips on the
board. A commitment to a highly integrated ASIC with a dedicated internal block



diagram is avoided and total on-chip gain is held to less than 26 dB, easing S-band
stability and crosstalk risks. The general purpose building block, being uncommitted to a
particular block diagram, will be useful on other future space products.

The packaged part meets the many unique requirements of space applications, including
screening to MIL-STD-883 Class S, low outgassing, hermeticity, 1 Mrad radiation
tolerance, excellent tolerance to single event upset, and absence of single event latchup.
The small ceramic surface mount package provides a low cost alternative to hybrid
construction while retaining small size, low cost, and the ability to withstand the
mechanical rigors of long term thermal cycling. Part obsolescence, always a concern in
space hardware, is now under direct internal control. The custom RF ASIC was
developed with first-pass success after a 5 month development program. Transponders
using this unique part are now in production.

For this S-band space application, analog signal processing (ASP) using this custom
ASIC was chosen over digital signal processing (DSP) because of its lower power,
smaller size, and lower cost. The cost of an S-level Chameleon is less than 4 % of the
cost of a similar radiation level FPGA.

APPLYING CHAMELEON TO THE S-BAND SPACE TRANSPONDER

The block diagram for the new transponder followed the previous heritage design, with
modifications to make maximum use of the custom RF ASIC capability, including the
replacement of previous multiplier-based local oscillator (LO) generation with a phase
lock loop approach. Figure 1 shows the block diagram of the upgraded transponder.

Figure 1.  Next Generation Space Transponder Block Diagram
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The 13 functions designed onto the Chameleon chip are separated into two independent
blocks of circuits, each with 18 on-chip bonding pads. These are available in an 18
contact LCC package as two separate bonding options, creating two part types from the
single chip design. In the case of the Dash 1 bonding option, the seven RF functions are
selected via six programming lines. When installed on circuit boards, Chameleon takes
on the function dictated by the voltages and currents provided on the programming lines.
The Dash 2 tone detector has all its functions accessible on external contacts. During
operation, the transistors in the unused functions are powered down.

The Dash 1 bonding option of Chameleon is shown in Figure 2. This configuration
includes the variable gain amplifier (VGA), mixer, phase/frequency detector (PFD),
divide by 2, 3, 4, and 5 prescalers, and the 6-input function selector circuit.

Figure 2.  Dash 1 Selectable RF Functions Block Diagram

The Dash 2 bonding option uses the other half of the Chameleon die and is shown in
Figure 3. All its functions are available directly on the 18 package contacts without
programmable selection. In practice, the tone detector function depends on external op-
amps to drive the RMS summer. The linear phase detector is used for demodulation of
the phase modulated transponder ranging signal.
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Figure 3.  Dash 2 Tone Detector Block Diagram

SILICON BIPOLAR CIRCUIT DESIGN

Design of Chameleon used conventional silicon bipolar circuit design techniques. The
SPICE-like analysis tool provided excellent modeling of non-linear effects, but required
user-generated macros to extract frequency domain parameters such as s-parameters and
waveform harmonics. Even at S-band, low on-chip parasitics allow useful signaling
impedances within the chip of ohms to thousands of ohms. Some of the essential
elements of the bipolar ASIC design are shown in the simplified schematic of Figure 4.
Although on-board capacitors are available for RF applications, all circuits were designed
to be DC-coupled for ease of DC testing. For lowest crosstalk and stability risk at s-band,
differential signaling was used externally and internally.

Figure 4.  Elements of NPN Bipolar ASIC Circuitry
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Because RF currents delivered to off-chip loads are supplied by the NPN emitter
followers, RF return currents come from the positive supply rail, making it a clear choice
for the ASIC ground. A negative supply voltage is applied to the negative rail. Because
the negative rail powers only inherently high isolation active current sources, the negative
supply exhibits little conducted RF emission or susceptibility. A power supply voltage of
–5 V is used for the Dash 1 RF configuration to accommodate the higher voltage
headroom requirements of flip-flops with sets and resets. The Dash 2 part is used at
frequencies below 50 MHz and is usually powered between +5 V and ground.

Most transistors in the Chameleon design are .7 mA types with 27 GHz ft , 0.002 pf
collector to base capacitance, and a Vbe of about 0.9V. A small number of large area
devices are also used. Almost all resistors are polysilicon type with a +/- 30% tolerance
and high temperature coefficient but excellent ratio tracking. The designer can also
specify custom low drift nichrome resistors up to a thousand ohms. A few capacitors
under 3 pf are available, as are Schottky diodes. Schottky diodes are available near each
bonding pad for ESD protection of I/O.

Collector swings are on the order of a few hundred millivolts and devices are biased with
low Vce, most in the 0.6 to 1.5 volt range. To avoid current injection into the substrate,
collector to emitter saturation is avoided. A few PNP’s are available in the NPN process,
but these are of lateral construction and were not used due to their low performance and
susceptibility to radiation. Good complementary NPN/PNP processes are also available,
but speed is lower.

Transistor devices on the chip are generally biased in the 0.2 to 0.5 mA range, while
larger area emitter followers with 3 mA bias are used to drive external loads. The silicon
substrate is conductive, so only a thin layer of glass separates the metal layers from
ground, making interconnect capacitance as high as 0.3 pf for cross-chip runs. Emitter
followers are used to drive s-band signals from one side of the chip to the other.

CHAMELEON FUNCTIONS

Electrical performance of the 13 circuit blocks within Chameleon makes it a good
component base for many different space applications. The variable gain amplifier
exhibits 26 dB insertion gain, with a 3 dB point of 500 MHz and a matched gain at 2.3
GHz of about 17 dB. The VGA is selected by supplying a bias current which doubles as a
gain control port for receiver AGC applications. Figure 4 shows a VGA of similar design.
Figure 4 also shows a Gilbert cell mixer similar to the one in Chameleon. Adding emitter
degeneration to the mixer reduces conversion gain to 6 dB, but provides the linearity and
analog accuracy needed within the transponder application. Note that the LO is fed to the
mixer through the VGA. Mixer LO and RF inputs are designed for up to 2.5 GHz



operation, but the mixer output has a 3 dB point of 500 MHz, limiting the IF to below 1
GHz.

Figure 5 shows a simple latch circuit made from a Gilbert cell. The left differential pair
acts as an amplifier feeding the shared collector resistors, while the right pair has the
outputs tied back to its inputs in positive feedback fashion to provide the latching
function. The bottom pair selects between the amplifier mode and latch mode. A pair of
these latches can be cascaded to create a master/slave flip flop. Two master/slave flip
flops are combined with a NAND gate to yield the phase/frequency detector which
operates up to 700 MHz.

Figure 5.  NPN Bipolar Latch

Master/slave D flip-flops are configured as shift registers with feedback as shown in
Figure 6, to yield the divide by 2, 3, 4, and 5 prescaler functions. The divide-by-three
prescaler of Figure 6 shows the shift register with its two flip flops can assume any of
four possible states, with an incoming clock causing it to progress from one state to a
predetermined following state due to the logical feedback to the shift register input. The
feedback logic is selected to put the circuit in a 3-state loop with all possible states
leading into the desired loop. Design of the other prescalers is similar. Maximum
frequency of operation is around 4.5 GHz, but the 18 contact LCC package resonance
limits actual performance to around 3 GHz.
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Figure 6.  Divide-by-Three Prescaler

Three Dash 2 tone detectors (see Figure 3) demodulate the 3-tone SGLS command
signals in the transponder. Gilbert cell mixers make up the in-phase (I) and quadrature
(Q) mixers. A string of divide-by-two prescalers makes up the divide-by-128 function,
with the last divide being done by two flip flops in parallel. One toggles on positive
transitions and the other toggles on negative transitions, yielding quadrature outputs to
drive the I/Q mixer. An external crystal is tied from the output of a differential pair
amplifier to its input to form the oscillator function.

The RMS summer is an analog shaper circuit which provides an output voltage
proportional to the RMS summation of the I and Q input voltages to indicate total RMS
voltage in the tone. In the three-tone application, the comparator indicates whether this
voltage is larger or smaller than the detected tone voltage of another tone detector. The
accuracy of the tone detector system depends on close voltage matches between
base/emitter junctions on the chip.

The Dash 2 Chameleon also includes a linear phase detector consisting of two
master/slave flip/flops for ranging signal demodulation. The phase detector operates at
frequencies up to 100 MHz.

RF INTERFACING

To ensure in-circuit performance of Chameleon prior to release of prototypes to the
foundry, circuit operation was modeled to include external components and board
parasitics associated with the actual circuit environment. Figure 7 shows the most
common methods used to interface to the differential inputs and outputs of the RF ASIC.
Differential signaling is used almost exclusively for its higher gain and lower crosstalk.
Several differential filters, both discrete and printed, are used in the transponder design.
Half wave lines are used above 1 GHz to adapt single ended sources and loads to a
differential format. Output swings are on the order of 0.5 V p-p on each output. These
levels are compatible with the ASIC inputs, making them cascadable.
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Figure 7.  RF Interfacing Methods

SELECTION OF ASIC PROCESS

Silicon bipolar was chosen over GaAs FET technology because of the low frequency
application (below 2.5 GHz) and because of the consistency of DC parameters such as
Vbe needed for analog signal processing. Radiation tolerance was known to be in the 1
Mrad area when trench isolation is used between devices. Single-event upset was not a
concern in this application, but absence of single event latchup tendencies was of
paramount importance. SiGe was also considered, but in 1996 was not available to the
average user.

Conic selected MAXIM in Beaverton, Oregon for its track record of first-pass success,
excellent full-feature proprietary development software, accurate electrical models, and
foundry turnaround time of 14 weeks to first parts. A reasonable price provided the
software, designer training, factory support, design reviews, and the first prototype parts.
Design software is SPICE-based with a good user interface and capability for electrical
design, chip layout, and electrical and layout rule checking. The Conic development
system was UNIX-based, but current versions are now NT-based for PC’s. Effective
software and accurate electrical models were considered essential to minimizing risk with
the considerable investment in the Conic in-house ASIC design task. For flight
production parts, MAXIM provided wafer level DC test software and wafer probing
services.

The MAXIM GST-2 high speed NPN process was chosen for its S-band capability and
the availability of the GST-2 QuickChip. The commercial process was mature and
processes were well-controlled. QuickChip provides wafers of chips with pre-fabricated
devices laid out waiting for the last four metal layers to connect devices according to the
custom application. Devices are conveniently located in tiles containing many transistors,
diodes, capacitors, and Schottky diodes. Several digital tiles contain large numbers of
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small devices ideal for the many flip-flops used in the design, minimizing routing
compromises with the predetermined device layout. Of the 900 transistors available on
the QuickChip, Chameleon used 800, a high usage factor. A few custom low drift
nichrome resistors on one of the four metal layers were used in several locations where
high analog accuracy was important.

PACKAGE SELECTION

Package selection is critical in any application, but even more so for space applications at
S-band. To avoid cracking of solder joints in a wide temperature range thermal cycling
environment, package size must be kept small. A .26 x .26 inch 18 pin leadless ceramic
package was selected for its small size, hermeticity, and low lead inductance. Figure 8
shows the internal bonding of the .070 x .075 inch chip. An all-gold system is used for
bonding and eutectic die attach. Part dissipation ranges from 60 to 130 mW depending on
function selected. Junction to case temperature rise is less than 5° C.

Figure 8.  RF ASIC Package

Package lead inductance is about 0.6 nH, low enough to place its resonance with the
VGA and mixer input capacitance beyond the maximum frequency of use. Package
feedback from output to input is minimized by placing the inputs and outputs on opposite
sides of the chip and package. Differential operation of inputs and outputs eliminates
coupling via the ungrounded lid for applications above 1 GHz.

THE DESIGN PROGRAM

Conic found the custom RF ASIC design process quite different from circuit board based
RF design. The design process lasted 5 months and yielded first-pass success with no
changes for production masks. Key to success was commitment to a completely focused
four person group which combined a mix of system and circuit synthesis capability,
extensive practical bench experience, and computer RF design and software installation



support capability. The ability to work a wide range of highly interacting activities in
parallel made the effort quite intense. Success depended heavily on specific focus
activities partitioned into six development phases.

In the Setup Phase, computer hardware was installed, design software was brought up,
familiarization with the design tools completed, and training at the foundry completed.
The Synthesis Phase saw the transponder block diagram synthesized and analyzed and
schematics for the ASIC circuit functions synthesized. A package was selected and
pinouts defined early in the program.

All circuit blocks were modeled, analyzed, and optimized in the Modeling and Design
Phase, which also included synthesis of the function selection method and integration of
the ASIC circuit models into a complete chip model. The Layout Phase was concurrent
with the last half of the Modeling and Design Phase and caused significant changes in
interface designs as the high capacitive loading on lines crossing the chip became
apparent.

With the completion of design synthesis, the Checkout Phase provided exhaustive model
checks of chip performance over high and low temperature and high and low process
variations. The ability of the MAXIM software tools and models to predict process
variations was a key element in first-pass success. This phase also included definition of
100% DC testing for the foundry wafer probing activity and definition of functional
testing and fixtures for flight part screening. After thorough design reviews provided by
the foundry, the design was submitted for a 100 unit engineering run.

Parts were available 14 weeks after design release, initiating an intense Evaluation and
Verification Phase using evaluation boards designed and fabricated to exercise each
function. Parts were installed in prototype transponder boards and 6 weeks after receiving
engineering parts the production run of 10,000 parts was started and completed. Qualified
and screened ASIC’s are being installed in production space transponder flight hardware.

TESTING AND SCREENING

Chameleon chips are wafer-probed for full DC parameters at the foundry and packaged
by Space Electronics Incorporated (SEI) in San Diego, CA. A single package and chip
type is used, but the separate Dash 1 and Dash 2 bonding options create two part types in
the packaged state.

SEI performs part qualification and flight unit screening of Dash 1 and Dash 2
Chameleons to 883 Class S levels, doing both DC testing and functional testing of the
Dash 1 and Dash 2 parts. Screening includes 100 hour burn-in and 100% DC and



functional testing at –55 and + 125 C. Test fixtures were developed by both SEI and
Conic for automated testing of DC and functional parameters.

CONCLUSION

A custom silicon bipolar ASIC provided a highly effective single-chip solution for the
Conic S-band transponder for space applications. The selection of a single-chip “function
toolbox” approach simplified chip design so that first pass success was achieved. The
design provides a universal building block for future space products. The emergence of
higher capability modeling tools, foundry compatibility, and a growing number of
engineers who can install and use CAD tools makes direct electrical design and chip
layout by the designer an increasingly approachable solution for new analog,
waveshaping, RF, and high speed digital applications. For many specialized
communications applications, accurate analog signal processing using custom high speed
ASIC’s can yield significantly higher speed, smaller size, lower power, and better
radiation tolerance than digital signal processing.
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A LAUNCH VEHICLE VIDEO TELEMETRY SYSTEM
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ABSTRACT

Collecting and analyzing vehicle performance data is an essential part of the launch
process.  Performance data is used to determine mission success.  Performance data also
provides essential feedback to the launch vehicle design engineers.  This feedback can be
used to improve the overall vehicle design and thereby improve the probability of a
successful launch.

Various Telemetry products are used to gather and process critical information on board
launch vehicles.  Data is transmitted by RF links to fixed or mobile receiving stations.
These Telemetry products are ruggedized for the extreme launch environments.  This
paper discusses the use of video telemetry as a means of providing launch vehicle
performance data.
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INTRODUCTION

Gathering vehicle performance data has always been an important part of the launch
process.  Acceleration, audio, shock, temperature, and vibration transducers have
successfully been used to capture vehicle performance data during flight.  While these
transducers often provide adequate information, there are occasions when “a picture is
worth a thousand words.”  Strategically mounted cameras could capture important launch
events before and during the launch.  Prior to launch, these cameras could serve a variety
of pre-launch checkout needs including inspection and verification.  During the launch,
these same cameras can be used to provide visual monitoring of flight critical events.
Implementing the launch vehicle video telemetry system involves several issues: where
will cameras be located and what will they observe; how will the data get from the
vehicle to the ground; what ground support equipment will be required.



DISCUSSION

A generic launch vehicle video (LVV) system is illustrated in Figure 1.  The system
shown consists of six cameras.  For a given application, the actual number of cameras
will vary depending upon the mission and depending upon the amount of data required.
The LVV system includes an airborne segment and a ground based segment.  The
airborne equipment consists of cameras, a video coding unit, and a transmitter.  The
ground equipment includes a receiver, a video decoding unit, and display/recording
devices.
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Figure 1  Launch Vehicle Video System Block Diagram

A variety of cameras can be used on the airborne side.  Depending upon the required
resolution, cameras range from relatively low resolution to the high frame rate variety.
The SEKAI RSC-100 is a ruggedized color camera designed for harsh environments.

Video cameras mounted in strategic locations can be used to capture critical events as
they occur prior to launch and during the flight.  For example, a camera could be used to
keep an eye on the payload.  Prior to launch, the camera could help determine proper
payload operation.  During the launch, that same camera could be used to see what the
actual environment inside the fairing looks like during ascent and to see if the payload
inadvertently deploys some of its hardware prematurely.  In a similar fashion, a camera
could be used to view the engines.

During the launch, a camera could be used to capture separation events.  These events
include the following:

• Solid rocket booster (SRB) jettison
• Payload fairing jettison
• Stage separation
• Payload separation



Video data from the launch vehicle could be sent to the ground via NASA’s Tracking and
Data Relay Satellite System (TDRSS).  TDRSS consists of a space-based network of
geosynchronous satellites and a ground terminal complex located at the White Sands
Complex (WSC) in New Mexico.  TDRSS is capable of providing communications
services to low-earth orbiting (LEO) spacecraft and sub-orbital vehicles.  Forward data is
uplinked from the ground segment to the TDRS and from the TDRS to the customer
spacecraft.  Return data is downlinked from the spacecraft via the TDRS to the ground
segment and then on to a data collection location.  TDRSS based video data collection is
illustrated in Figure 2.
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Figure 2  TDRSS Based Video Data Collection

CONCLUSION

Video Telemetry systems involve familiar system design tradeoffs including cost,
bandwidth, resolution, bit error rates, power consumption, size, and weight.  Video can
be perceived very easily without the need for a lot of interpretation; video data speaks for
itself.  While video telemetry systems will not replace existing telemetry systems, they do
represent the next logical step in telemetry.



A REAL-TIME HIGH PERFORMANCE DATA COMPRESSION
TECHNIQUE FOR SPACE APPLICATIONS

Pen-Shu Yeh and Warner H. Miller
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ABSTRACT

A high performance lossy data compression technique is currently being developed for
space science applications under the requirement of high-speed push-broom scanning.
The technique is also error-resilient in that error propagation is contained within a few
scan lines. The algorithm is based on block-transform combined with bit-plane encoding;
this combination results in an embedded bit string with exactly the desirable compression
rate. The lossy coder is described. The compression scheme performs well on a suite of
test images typical of images from spacecraft instruments. Hardware implementations are
in development; a functional chip set is expected by the end of 2000.

KEY WORDS

Coding, lossy data compression, telemetry, space science applications, push-broom
instruments.

INTRODUCTION

The advances in sensors and detectors have culminated in a new era of scientific
instruments for space applications. These new instruments combine unprecedented spatial
and signal resolutions in addition to offering multi-spectral capabilities. The result is an
increase in the volume of data that has to be collected, buffered, transported, and archived
in the space-to-ground data system.

To alleviate the burden caused by the extra data volume, compression has been suggested
and in some cases implemented on space platforms. However, scientists often object to
any loss in the data and thus accept only lossless data compression. The amount of data
reduction achievable with lossless data compression is usually limited by the inherent
entropy measurement in the data, and for many remote sensing applications is limited to
about two-to-one.

For other applications that require higher data reduction, as in quick-look or direct-
broadcast sensor data, a lossy compression technique is needed. There exist various



algorithms that provide good reconstruction performance at high compression ratios;
however, none has adequately addressed the implementation requirement arising from
push-broom instruments. A scan line of data produced by the push-broom type of sensor
often exceeds two thousand pixels, and there is a limited amount of onboard buffering
and processing time available before the data has to be transported for direct broadcast. In
the following paragraphs, the requirements for space application of lossy data
compression are stated, and then a description of a technique that meets all the
requirements, along with its performance on several test images, is provided.

REQUIREMENTS FOR SPACE APPLICATIONS

Any implementation of lossy data compression on a space platform has to satisfy several
requirements. These requirements were addressed by the Consultative Committee for
Space Data Systems (CCSDS) Subpanel 1A Compression Working Group in 1998. The
mandatory requirements are:

1. Process non-frame based (push-broom) as well as frame based input source data.
2. Offer adjustable data rate.
3. Work with large source quantization ranges up to sixteen bits-per-pixel (bpp).
4. Offer real-time processing at or greater than twenty Msamples/sec, and at less than

one watt/Msamples/sec. The power consumption includes all buffering and support
electronics.

5. Require minimum ground interaction during operation.
6. Allow packetization for error containment.

A coder that meets all the above requirements is described below.

DESCRIPTION OF THE CODER

Overview

The lossy coder consists of several functional modules depicted in Figure 1. The scan
converter takes input imaging data and formats it into eight-by-eight blocks of integer
values as input to the de-correlator. The de-correlator employs a hybrid transform that
performs a size-8 modulated lapped transform (MLT) with sixteen input data points in
the scan direction of imaging data, and a size-8 discrete cosine transform (DCT) in the
other direction. This hybrid transform, termed enhanced DCT (EDCT), uses overlapping
blocks in the scan line direction to reduce the blocking effect inherent in a two-
dimensional (2D) DCT, but it allows isolation of strips of eight lines, as is often required
by practical implementation in a packet data system. However, the system also allows an
eight-by-eight 2D DCT, an eight-by-eight 2D MLT, or other types of block transforms to
be implemented.



The bit plane encoder (BPE) first groups the eight-by-eight transform domain
components into three family trees; each has one parent, four children, and sixteen
grandchildren. The magnitudes of components are scanned for any most significant bit
(MSB) on the scanned bit plane. This bit-plane scanning proceeds from the top-most bit
plane downward. The positional information of those identified components is
represented by a family tree structure and may be further coded for efficiency. This
information along with associated sign information is shifted to the output bit string from
higher bit planes to lower bit planes.

BPE RAM

Desirable Bit Rate

Scan 
Converter

De- 
correlator

Bit Plane 
Encoder

Output 
Coded Bit 
String 

Figure 1.  Functional Diagram of the Coder

The BPE random access memory (RAM) holds BPE-processed information for as many
input blocks as it can support. The number of input blocks supported by this RAM is
identified as one segment of input data. A segment can be as simple as one strip of eight
lines, multiples of eight-line strips, or even half a strip.

The output bit string constitutes an embedded data format that allows progressive
transmission and decoding to start at a lower bpp rate and proceed to a higher bpp rate.
The bit string can be terminated at a desirable rate for precise control of output data rate.

De-correlator

The EDCT is implemented by two one-dimensional transforms, the MLT and the DCT.
The specified MLT takes sixteen input data points to provide eight transform
components. The input is shifted by eight data samples each time a new MLT is
performed, as shown in Figure 2.

The MLT is performed with the following equation (see Reference 1):
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Figure 2.  Input Output Data Points for MLT

where m is used to index the MLT output block. The j index indicates the jth MLT
component in block m. The input data sequence x[i] relates to the data samples in
Equation (1) by:
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The Z( i, j) function is given by:
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for all blocks except the first and the last. For finite input data, the first and the last MLT
blocks are implemented with the boundary conditions given in Reference 1.

The DCT is computed by:
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with Cj having been defined earlier.

The inverse DCT is given by:
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input data points: 1, 2, 3, 4, 5, 6, 7, 8, 9, 10, 11, 12, 13, 14, 15, 16, 17, 18, 19, 20, 21, 22, 23, 24, …

input to MLTinput to MLT

output MLT points: 1, 2, 3, 4, 5, 6, 7, 8,      9, 10, 11, 12, 13, 14, 15 16, …



Bit Plane Encoder

The frequency components of each block are then scanned from the highest bit plane of
their binary representations. The purpose is to locate components of magnitude ≥ 2 nb  but
< +2 1nb  at the nb-th bit plane (the lowest bit plane is when nb = 0) and transmit their
locations in the coded bit string before the information of components at lower bit planes
is conveyed. In this coding scheme, quantization is inherently performed by an increase
of a power of two as scanning proceeds from higher bit planes to lower bit planes. To
facilitate coding, a family tree structure at the nb-th bit plane, shown in Figure 3, is used
to help identify components and guide the component scanning.
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Figure 3.  Family Tree Structure

Family Tree Scanning

The tree structure in Figure 3 consists of three family members: F0, F1 and F2. Each has
one parent, four children, and sixteen grandchildren. During tree scanning, these elements
are grouped into different types of patterns and each pattern scanned as one entity. Thus
parents will be scanned first, followed by the children and the grandchildren.

For each block, the family tree scanning starts at the highest bit plane of all the AC
components. At a particular bit plane, nb, information extracted from all blocks is
concatenated before proceeding to a lower bit plane. This procedure produces an
embedded bit stream that starts with information from higher bit planes and proceeds to
information from lower bit planes. At the desirable compression bit rate, the bit stream
can be stopped for precise rate control.

The performance of the BPE can be improved by further coding the scanned pattern from
the family tree. A truncated lossless algorithm derived from the CCSDS
Recommendation (Reference 2) is utilized in the coder.



PERFORMANCE

The compression scheme was tested on different types of imaging data collected on space
platforms. In the test, every strip of eight scan lines was processed independently and a
fixed compression ratio was obtained for each strip of data. With the fixed compression
ratio for each strip and without any information carried over strip boundary, error
containment can be achieved within each strip.

Two de-correlators were used: the EDCT and the 2D DCT. The PSNR listed in Table 1
shows that EDCT provides a gain of 0.5 dB in most cases over the 2D DCT, except for
the Hubble Space Telescope (HST) test images, where the results are reversed.

Table 1.  PSNR vs. Bit-Rate for Different Images

Image size bits/
pixel

bpp
2.0

bpp
1.0

bpp
0.5

bpp
0.25

bpp
2.0

bpp
1.0

bpp
0.5

bpp
0.25

EDCT 2D DCT
forest(avhrr) 2048x2048 10 56.2 48.4 42.8 38.5 56.0 48.1 42.5 38.2

ice(avhrr) 2048x2048 10 52.9 46.3 41.8 38.2 52.5 45.8 41.3 37.9
india(avhrr) 2048x2048 10 50.5 43.0 37.9 34.1 50.0 42.5 37.5 33.7
ocean(avhrr) 2048x2048 10 50.6 43.8 39.2 35.5 50.3 43.5 38.8 35.1

solar 1024x1024 12 54.7 49.0 44.7 41.4 54.3 48.6 44.4 41.2
sunspot 512x512 12 59.1 54.6 50.9 45.9 58.8 54.2 50.2 45.1

wfpc(hst) 800x800 12 71.5 67.8 64.5 62.5 72.2 68.4 66.2 64.4
foc(hst) 1024x512 12 71.8 66.8 64.2 62.6 72.1 67.1 64.4 62.8

mars 512x512 8 41.0 34.5 29.9 26.3 40.2 33.8 29.4 25.9

The performance of the compression can be improved by using larger BPE RAM to
buffer intermediate results from more than one strip; however, dependency among these
strips will result. For comparison, a 2D MLT was applied to the “india” test image, and a
frame buffer was allocated. The improvement in PSNR at 2.0 bpp is about 2.3 dB.

TECHNOLOGY STATUS

Rad-hard implementation of the compression scheme is being pursued. Currently, a
custom VLSI chip for performing EDCT and the 2D DCT has been designed and is in
fabrication. Its processing speed is expected to exceed twenty-five Msamples/sec. The
VLSI architecture for BPE is under study. A functional chip is expected by the end of
2000. The compression scheme is simulated in software and has been tested on various
types of space data with satisfactory results.



CONCULSION

A high performance lossy data compression scheme has been developed for space
applications. This scheme offers real-time (over twenty Msamples/sec) processing on
push-broom types of instruments. The technique produces an embedded bit string with
the desirable features of precise rate control and no operator intervention.
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ABSTRACT

The Range Division of the 412th Test Wing has recently had to incorporate high power RF
transmission, remote monitoring and remote operation of systems to support the new
Range Safety function incorporated within the Range. The sub-systems that make-up the
Range Safety System are:

Command Transmitter System (CTS)
Command Panel System (CPS)
Instantaneous Impact Prediction (IIP) (modified TECCS)
Range Safety Data Display (ADAPS)
Range Safety Data Recording (RaSDR)
Flight Termination Test Set

Being aware of the increasing importance of cost associated with ground and flight testing,
the Range has structured its systems around Commercial Off The Shelf (COTS) hardware
and software and remote operations where ever and when ever possible. This paper will
outline the Ranges approach to Range safety addressing the rational behind the system
design and making the customer happy. We will also discuss typical operations and how
the Range maintains redundancy and RCC compliance.

INTRODUCTION

The Range Division of the 412th TW/TSRE is in the process of supporting various
Unmanned Air Vehicles (UAV) programs. This support by the range has required the
design and implementation of a Flight Termination System (FTS) to maintain the safety of
the sparsely located inhabited areas in the flight test area. The FTS, ground segment, is



made-up of the Command Transmitter System (CTS), Command Panel System (CPS) and
the Range Safety Console located in Range Operations Center in room 282 of Bldg. 1440.

COMMAND TRANSMITTER SYSTEM (CTS)

The heart of the FTS ground segment are the redundant 1-Kilowatt transmitters (Figure 1).
The CTS #1 is installed in a refurbished Ground Launch Cruise Missile (GLCM) Launch
Control Center (LCC) trailer. CTS # 2 is located on the Ranges A-7 site, Bldg. 8022, on
the north west side of Rogers Dry Lake. Both CTSs use a 0-dB gain Omni antenna with
hemispherical patterns. Both systems are equipped to use a directional helical antenna for
longer-range requirements. CTS # 2 was modified so it can be operated and monitored
remotely from Ridley Mission Control Center (RMCC).

Command Transmitter System
Figure 1

COMMAND PANEL SYSTEM (CPS)

The CPS (Figures 2 & 3) allows remote control of the CTS equipment from the Range
Safety Console in Ridley Mission Control Center (RMCC). The CPS is comprised of the
Master Control Panel (MCP) and the Remote Control Panel (RCP) (Fig. XX). The MCP
and RCP communicate via an RS 232 Asynchronous communications link. The
communications between the MCP and RCP are constantly monitored and status displayed
on the CPS front panel. The CPS was a joint design effort between the ExTRA - X-33



team and Range Safety personnel. The CPS will be used to support the X-33 launches
from Edwards AFB
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MASTER CONTROL PANEL

The MCP (Figure 2) is capable of controlling as many as five transmitter systems and the
L-Band up-link system, specific to X-33. The MCP is comprised of a CPU, Serial
interface and a digital I/O. The programming software for the MCP simply designates
control functions for the Monitor, Option, Arm and Destruct push buttons.

REMOTE CONTROL PANEL

The RCP (Figure 3) receives the commands sent from the MCP and provides the TTL
levels necessary for the CTS activation. The RCP may also be used to command the CTS
should communications between the MCP and RCP be interrupted. The L-Band function



of the CPS causes the RCP to output a command word data stream, which is up-linked to
the X-33 vehicle, initiating the destruct sequence.

RANGE SAFETY CONSOLE

The Range Safety Console (Figure 5) is located in the Range Operations Center of Ridley
Mission Control Center (RMCC) Building. The Range Operations Center is the central
coordinating location for all activity on the Edwards Test Range. At the center of the room
is the Operations Duty Officer (ODO) console. At this console, the ODO and a Range
scheduler coordinate all missions using the Edwards Range. Surrounding the ODO console
are a ring of Range Control Officer (RCO) consoles. The RSO consoles are used to
support individual test missions. Other consoles located in the Range Operations Center
control telemetry acquisition systems and Time Space Position System (TSPI)
instrumentation systems. By locating the RSO console in the Range Operations Center, the
Range Safety Officer can retain situational awareness of the other flight test activity
occurring on the Edwards Test Range.

Range Operations Room and Location of Range Safety Console.
 (Figure 5)
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Range Safety Console Picture.
Figure 6

RANGE SAFETY STATIONS

Two individual stations make up the Range Safety Console. This provides the AFFTC
Range Safety Office with the capability to support two concurrent test missions or both
stations can be operated together to support a single mission for increased system
redundancy. Both stations provide the Range Safety Officer (RSO) with all the data and
tools necessary to determine the test vehicle performance and as a last resort terminate the
vehicle in order to prevent injury and/or destruction of property. Each Range Safety
Station provides the RSO Time Space Position Information (TSPI) displays, telemetry
displays, and video displays. Communications capability is provided to link the RSO with
all the participants in the test mission. Each station also includes the Master Control Panel
for the CTS and a system to record CTS waveforms. Nearly all the components used in the
RSO console were developed previously for other projects at AFFTC, and were used “off
the shelf” to support the Range Safety application.

TIME SPACE POSITION INFORMATION (TSPI)

The Test and Evaluation Command and Control (TECCS) system is used to provide Time
Space Position Information displays at each Range Safety station. TECCS accepts input
from multiple Federal Aviation Administration (FAA) surveillance radars, local tracking
sensors (GPS, tracking radars), and aircraft position information received in telemetry from
the RT/PFP telemetry processor. TECCS is a client server system. A TECCS master
server at Ridley Mission Control Center transmits TSPI target tracks to client workstations
throughout the Range (including the Range Safety Console) in real-time.



The TECCS displays can be pre-configured before each test mission with background
overlays displaying the planned vehicle flight path, navigation waypoints, and geographical
areas the test vehicle should avoid (i.e. population centers). Vehicle position data is then
plotted on top of the background overlay. An Instantaneous Impact Predictor (IPP)
program has been developed and incorporated into TECCS. The IIP provides a constantly
updating estimate of where debris would fall from a terminated vehicle in real-time.
TECCS was developed for the AFFTC by Computer Sciences Corporation and operates
on a Compaq Alpha Workstation.

Range Safety TECCS System Block Diagram
Figure 7

TELEMETRY DISPLAYS

Telemetry displays are provided to the RSO console by the RT/PFP telemetry processing
system. In parallel to telemetry processing, all telemetry data is recorded on an Ampex
DCRSi telemetry recorder. Two RT/PFP workstations are provided at each RSO station.
RT/PFP is used to ascertain vehicle health from telemetry including attitude, airspeed, and
flight termination system status. The RT/PFP system used for Range Safety is the same
system used to provide telemetry processing for the mission control rooms at Ridley
Mission Control Center. If the test is being conducted from RMCC, the same telemetry
processing system can be used to send telemetry data to both the mission control room and
the Range Safety Console. The RT/PFP telemetry processor has the capacity to process up
to six streams of Pulse Amplitude Modulation (PCM) telemetry at rates up to 20 Mb/ps.
Multiple test vehicles can be supported concurrently if required. The telemetry processor
configuration can be switched from one UAV to another in less then 2 minutes to support
back to back test missions at AFFTC. All RT/PFP telemetry attributes information is
loaded from a single Iomega Jaz removable hard disk.

After processing in the RT/PFP telemetry processor, data is transferred to the RSO console
RT/PFP workstations by a Universal Memory Network (UMN) shared memory system.
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An Ethernet network is also used to command and control the RT/PFP system. The
RT/PFP enhanced version of the DataViews software package is used to display telemetry
on a SGI Indigo2 Workstation. Workstation display configuration can be changed in real-
time by the users if needed. Engineering Units data can be recorded on the telemetry
processor or by each individual workstation. Another RT/PFP workstation is used to run
software that places aircraft telemetry data onto the TECCS network for display on
TECCS. Two data analysis applications were developed for Range Safety. One application
is a graph used to indicate aircraft altitude. Waypoint data is loaded into the application
when it is executed. Commanded altitude is then displayed for each waypoint. The graph
then displays whether the test vehicle is above or below the commanded altitude.

RT/PFP System Diagram
Figure 8

VIDEO DISPLAYS

Video displays at each Range Safety Station are connected to the RMCC Video Control
Center (VCC) PESA video switch. Any video source entering RMCC can be displayed at
the Range Safety Console. The RSO can change video sources using a video source
selector at each station or VCC can perform the change. Possible video sources include
video telemetered from the test vehicle, video from tracking radars, and video from
telemetry trackers. VCC has the capability to record any video source entering the Range
for review at a latter time.

RANGE SAFETY COMMUNICATIONS

The Edwards Digital Switch (EDS) provides communications for the Range Safety
Console. Subscriber Terminal Units (STU) the end device for the EDS system are installed
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in each RSO station. Each STU unit has the capability to provide 18 channels of
communications to the RSO. The STU combines air to ground communications,
intercommunication networks, and telephone communications into a single device. For
Range Safety, the capability to interface to the Edwards Trunked Radio System was also
added. This RSO is able to communicate with the public safety personnel at Edwards
(Fire, Security Forces, and Ground Safety). A hand held radio is also located at the RSO
console to provide direct communications with the command transmitter site in case of
EDS failure.

CTS RF WAVE FORM RECORDING SYSTEM

Based on the data provided by TECCS and RT/PFP the RSO will use the MCP to control
the CTS. The CTS RF waveforms are received at the RSO station using an UHF receiver
and a spectrum analyzer. The CTS RF waveforms are recorded on a VHS recorder located
at each RSO station. IRIG time is inserted into the video before recorded to provide
reference time. Before each test mission, the CTS system is tested, and the RF waveforms
are recorded on tape. The CTS RF waveforms are then recorded during the test mission to
provide a record of CTS operation. The Range also uses a PC system with a tone decoder
to record and time tag all tones transmitted from the CTS during a test mission.
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CTS RF Waveform Recording System Diagram
Figure 9



Range Safety Time Space Position Display
Figure 10

RT/PFP Typical Range Safety UAV Telemetry Display
Figure 11
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CONCLUSTIONS

At this time, two command transmitter systems have been installed and the Range Safety
Console installation has been completed at Edwards AFB. This system provides both a
local Range Safety function at AFFTC, and the capability to extend system coverage with
a mobile capability. This development was completed by reusing components developed
for previous development programs at AFFTC, re-using discarded equipment, and by using
off the shelf components. This development strategy provided the quickest route to
completing this project on schedule, under budget, while also providing a quality product
to be customer the AFFTC Range Safety Office. Several UAV projects have been
supported by this system and we plan to support many in the future.

All brand names and product names are trademarks, registered trademarks, or trade names
of their respective holders.
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ABSTRACT

The Transportable Range Augmentation and Control System (TRACS), Mobile Telemetry
System (MTS), is a versatile system capable of supporting anywhere when called upon.
The MTS is designed to operate anywhere on land. It is unknown how the system will
perform on a floating platform without a stabilizing gimbal. The operation of a tracking
system at sea generally require the use of a three-axis pedestal. The MTS is a two-axis
pedestal. This paper is a report on how the MTS responds to simulated ocean-motion.
Testing the system on a body of water is very expensive, especially out in the desert. The
MTS was tested in the desert area of Las Cruces, New Mexico in the parking lot of EMI
Technologies, prime contractor, using two forklifts to simulate ship motion in the pitch and
yaw planes. The location is perfect for crossover dynamics tests. The tests conducted were
for the purpose of determining if the MTS could auto-track a moving signal in space while
it also moves due to “simulated ocean swells” that increase the generated tracking error
signal levels in an opposite or in addition to the ones generated from the space vehicle.
There is no gyroscopic correction. Successful results of the tests could preclude the use of
a gyroscopically stabilized gimbaled platform necessary to keep the tracking system steady
for auto-tracking a target during “6 degrees of freedom” disturbances. Several thousand
dollars can be saved if the concept can be proven.

KEY WORDS
Gimbal, gyroscopic correction, autotrack, tracking errors, pitch and yaw plane movements,
autotrack threshold setting, slave track, and memory track.

INTRODUCTION

 A major difference between a Telemetry Tracking System (TTS) and a RADAR is in the
objectives. RADAR yields position data of the space object while a TTS main objective is
to receive the vehicle telemetry data for demodulation. RADAR operates in a frequency
band much higher than a TTS and has an extremely narrow beamwidth. The beamwidth is



measured in mils (17.3 mils/degree). A TTS measures the beamwidth in degrees. RADAR
determines XYZ position from the azimuth and elevation angles to the object. The
accuracy is based on several factors. Two of the factors are stability and location. It must
be located on level ground or on a gyroscopically stabilized gimbaled platform.
A Mobile Telemetry System (MTS) can be located on uneven ground. The main concern is
to receive a signal in a much broader beamwidth. It can afford more "sloppiness" in the
servo subsystem. The target dynamics and the platform “6 degrees of freedom” in the pitch
and yaw planes must be within the MTS tracking specifications. Also, the MTS must have
sufficient torque margin to resist wind loading.

The parameters affecting the auto-track mode for a TTS are the antenna beamwidth, first
sidelobes levels, error gradient linearity, (az/el) cross-talk, servo stability, dynamic error,
the amount of backlash, system velocity and acceleration, and the auto-track threshold
setting. The auto-track mode is where the antenna rotation is based on tracking errors
generated by the space position differences between the space vehicle telemetry antenna
and the receive system.

The discussion that follows explains how the MTS utilizes the above parameters and under
the “rocking” motion of the trailer, proves it can operate in the autotrack mode for three
different scenarios. The discussion then introduces the three tests conducted.
The MTS is “rocked” up and down by two forklifts for three different tests attempting to
autotrack three different objects. The first object is the sun with an elevation angle of 420.
The second object is a Landsat satellite, with the MTS maximum elevation angle of 450 at
its point of closest approach. The third object is a transmitter radiating at S-Band, located
on top of an automobile. The Satellite Track Test lasted 15 minutes. The last test involves
a vehicle traveling along Interstate-25 at 55 MPH.

DISCUSSION

Mobile Telemetry  System (MTS)

The pedestal and Antenna Control Unit (8360) is a Scientific Atlanta elevation over
azimuth -axis system with an 8-foot parabolic antenna. The pedestal trailer is 164 in.(L) by
96 in.(W) by 36 in.(H) and extremely stable. This part of the MTS is referred to as the
Mobile Telemetry Antenna Pedestal (MTAPS). The recording and relaying sections of the
system are referred to as the Telemetry Receiving System (TRS) and are in a separate
shelter from the MTAPS. The electronics shelter sits upon a 6 x 4 vehicle that has its own
35 KW Power Generator, making the system self-sufficient. The shelter and power
generator can be removed from the vehicle and placed on the floating platform.



TRACKING SYSTEM PARAMETERS

The antenna efficiency is 54% with a gain of 32 dB. The low noise amplifier, ( LNA) has a
noise figure of 0.8 dB that allows the System Sensitivity to be high. The f/d is 0.5 to
enhance the tracking error resolution and thereby minimizing Elevation/Azimuth crosstalk.
Azimuth/elevation crosstalk is where a legitimate error signal in one axis has been
developed and an error is indicated in the other axis which did not generate an error. This
type of problem is investigated in the tests below. The MTS is capable of operating from
1415 MHz to 1540 MHz, 1710 to 1850 MHz , and 2200 to 2400 MHz. The beamwidth is
3.9 degrees from 2200 MHz to 2300 MHz, where the measurements were made. The
tracking error gradient is 0.9 volt/degree up to +/- 20 for all three operating bands in both
axis. The servo subsystem is a type 2 with three Ka's capability. The maximum velocity
and acceleration is 30 deg/sec and 30 deg/sec/sec. The position servo bandwidth filters are
designated as LOW, MEDIUM, and HIGH. The MEDIUM filter has a lead-lag filter for
stability, fast response, and accuracy. It uses a two torque motor configuration for both
azimuth and elevation with an integral tachometer. The servomotors are connected to a
bull gear through a 800:1 gear box. The two motors are torque - biased to prevent gear
backlash. The system uses a resolver accurate to .006 degrees, static error . Tracking
errors such as velocity lag errors are compensated in real-time by the resolver that is
mechanically connected to the axis shafts. The fact that the servo is Type 2 allows the
acceleration error to stay within the 0.6 degree servo error limit as long as the movement
does not exceed 30 deg/sec/sec. It has slip rings instead of cable wrap to enable it to rotate
continuously without reaching any antenna pedestal azimuth travel limits. The system can
be operated remotely or from a local computer within the MTS shelter. The smart 3860
Antenna Control Unit (ACU) has three backup tracking modes in addition to autotrack and
position modes. It has a rate mode (used sparingly), memory track (up to 15 seconds,
variable), and slave mode. The ACU can select the slave mode after a preset memory track
time has expired and there is still no autotrack. It is smart because it can select the slave
radar track mode if it detects that the radar sending it tracking data is also in autotrack.

TESTING

Vehicle and Transmitter

A portable transmitter with an omni-directional stub antenna was located on top of an
automobile. See Figure 1.0. The transmitter radiated an S- Band frequency without
modulation. The signal level was controlled by several attenuators. The tests were
conducted using strong and weak signal levels to see how the MTS would respond to
jerking moves in the presence of multipath and high winds (winds were 25 to 40 MPH) as
the vehicle traveled along Interstate-25. The vehicle speed was limited to 55 MPH. At this
speed, the crossover velocity of the antenna was 100 / sec. The minimum distance was



approximately 500 feet at the crossover point and the maximum distance 2 miles in one
direction and 1 mile in the other. The azimuth movement was from 2340 to 1160 with the
elevation averaging 00.

Forklift Movement

 Figure 2.0 is a photograph of one of the two forklifts used to raise and lower the antenna-
pedestal trailer during the sun track test. The forklift movement was fast for one set of tests
and slow for other tests to simulate platform movement on the ocean. Inside the shelter
you could not tell where you were but could “sense” the illusion of the movement if you
kept your eyes on the video monitor. (A camera is mounted on the side of the antenna).
The elevation digital readout indicator showed that the antenna was moving up and down
(pitch plane) as much as 80 . There were jerking movements in azimuth (yaw plane) of 2
degrees. The signal level indicator on the tracking receivers and ACU showed the signal
level fluctuating as the antenna moved.

                                                            RESULTS

Test 1.0 Transmitter on roof of vehicle: No trailer movement

This test involved tracking the transmitter on top of the vehicle as the vehicle traveled
along I-25 at 55 MPH. The MTS was able to track the vehicle without any problems with
a signal strength of 40-45 dB. The MTS performed as expected even with heavy traffic
that included a semi-trailer passing the vehicle and shading the antenna. Figure 3.a is a
recording of the signal strength without any trailer movement.

  
Test 2.0 Transmitter on roof of vehicle:  Strong Signal in a high multipath
environment

The tracking threshold was set at +20 dB above the noise floor to compensate for signal
level fluctuations as the antenna was moved up and down. Initially, the received signal
level was approximately +60 dB. The movement of the vehicle with the transmitter
generated the tracking errors that you normally see when you track a space vehicle. The
movement of the trailer generated additional tracking error amplitudes randomly in both
axis. At this point the servo did not know if the correction to the tracking error was all
from the space vehicle. The servo generated enough torque to rotate the antenna and keep
the system in the autotrack mode in both axis. Due to the high multipath environment the
antenna had a very hard time maintaining autotrack.



Test 3.0  Transmitter on roof of vehicle: Weak Signal in a high multipath
environment

With a lower signal level of 40 dB, the multipath conditions were not as destructive.
Figure 3.b shows a steady signal level. The MTS remained in the autotrack mode
throughout the test as long as the signal level was above the autotrack threshold. The
autotrack threshold was purposely raised to allow the system to break lock and enter
memory track. With the trailer moving, the antenna followed the source in memory track
and re-entered autotrack as soon as the threshold level was lowered. The biggest surprise
was that the antenna saw the signal and maintained autotrack even as it rotated in front of
the forklift! The system never experienced el/az crosstalk problems.

Test 4.0: Track Satellite

This test consisted of both azimuth and elevation motion due to the satellite. The forklift
motion added to the tracking error amplitudes for the elevation and azimuth servo systems.
These errors combined with the generated tracking errors from the satellite. The maximum
signal level never got above +25 dB at the point of nearest approach. The signal level at
initial acquisition over the horizon was below +5 dB. This meant the tracking threshold
was set at +2 dB. On movements where the signal level was below this setting, the system
would lose autotrack and enter memory track for a preset value of 10 seconds. The loss of
signal was due to the antenna moving up and down. The signal level would return above
the autotrack threshold before the system would complete memory track and re-acquire in
the autotrack mode.

Test 5.0: Sun Track

The photograph shows the antenna tracking the sun in the autotrack mode. Figure 4.0 is a
photograph of the 8360 Antenna Controller showing that the system is in autotrack at an
elevation angle of 420 at 1019 hours. This test was very similar to Test 4.0. The antenna
would “zero in” on the sun and enter the autotrack mode when the autotrack threshold was
set above the maximum signal received from the sun. With the wide beamwidth of 3.90 the
antenna movement caused by the forklift motion was not enough to prevent the system
from maintaining autotrack.

                                                      CONCLUSION

Although the main movement to simulate ocean motion in the desert was up and down
from two planes, the trailer was able to simulate pitch and yaw movements by using two
forklifts. The MTS demonstrated it is capable of operating in the autotrack mode in both
azimuth and elevation for strong and weak signals while being “rocked”. The MTS did not
experience any crosstalk problems. The strong signals generated more multipath



interference from all of the metal in the surrounding area. This condition could exist from
water reflections if the signal is very close. This problem has been resolved by adding a 5k
potentiometer between the receiver AGC output and the input to the 3860 Antenna Control
Unit. The potentiometer adjusts the incoming signal level up to 17 dB. The computer can
be used to make threshold adjustments rapidly. With such a wide antenna beamwidth, and,
since we do not generate position data, a gyroscopically stabilized gimbaled platform is
not necessary.

Figure 1.0 One watt portable transmitter radiating at 2250.5 MHz using an
omni-directional antenna.   



Figure 2.0  One of two forklifts raising and lowering the mobile telemetry trailer with the
8-foot antenna tracking the sun.



Figure 3.a and 3.b  The top two AGC traces show the signal level for the vehicle test
without forklift action.  The bottom traces show the signal level for the vechicle test with
forklift action.  The MTS was in the autotrack mode for both tests.



Figure 4.0  Antenna Control Unit. SA 8360, showing the MTS  in the autotrack mode
during the Sun Track Test.
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Shallow Water Training Range

Robert Reid
Naval Undersea Warfare Center Division Newport

ABSTRACT

During the cold war, undersea warfare (USW) was perceived as a large-area, deep-water
operation. The need for USW has recently shifted to the shallow water, littoral
environment. Consequently, US naval forces must train to operate in these littoral
environments where regional conflicts are most likely to occur. In light of these
requirements the Shallow Water Training Range (SWTR) has been initiated. Telemetry is
used in the following areas of SWTR: fiber optic, microwave, RF and underwater. Only
phase 1 of 8 phases of the program is executing therefore SWTR is a good opportunity
for telemetry industry involvement.
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INTRODUCTION

The US Fleet has decided to develop and install Shallow Water Training Ranges (SWTR)
on the East Coast and West Coast of the continental United States. Undersea-
instrumented ranges provide a training climate of high accuracy localization of
participants involved in a naval operation. This high accuracy real-time operation can
only be accomplished on a precision underwater range. The shallow water however limits
sensor performance, weapons utilization, and tactical maneuvering. The SWTR provides
the operational capability to allow USW training and assessment under these adverse
conditions for air, surface and subsurface vehicles.

The primary SWTR mission will be to support Fleet readiness through training and
tactical development of submarine, surface ship, and aircraft USW. Secondary missions
will include training in shallow water, regional conflict operations involving naval special
warfare (NSW), electronic warfare (EW), mine warfare (MIW) and amphibious warfare
(AMW) mission/operational capability areas. Additionally, joint mission areas that may
also be supported include joint littoral warfare, and joint surveillance and warning. The
SWTR will also provide operators, units, and staffs with real-time data as well as timely
post-exercise analysis, evaluation, and feedback data as an input for training and to



permit sensor performance evaluation, refinement of tactics and to focus requirements
and acquisition efforts.

Telemetry of both data and voice as well as networking communications are required
throughout SWTR. There are several areas that need innovative solutions in order to
accomplish the requirements of SWTR. Key technologies are underwater SONET ATM,
underwater acoustic telemetry and over the horizon RF communications. The 3
technology areas listed above are needed to support the operational requirements of
SWTR. The SWTR program consists of 8 phases, 4 on the East Coast and 4 on the West
Coast. There will be an initial phase on each coast followed by expansion phases. Thus
far only the initial EC-SWTR contract has been awarded. There still remains an
opportunity for the telemetry industry to get involved with the SWTR program. Each of
these areas will be discussed.

THE SWTR SYSTEM

SWTR consists of two main components an In-Water Subsystem (IWS) and a Shore
Electronics Subsystem (SES). The IWS is made of underwater acoustic receivers and
transmitters called Bunkers because of their unique shape. The Bunkers have been
designed to withstand fishing hooks and anchoring. The Bunkers contain 4 hydrophones
each sampled at 104375 Hz, providing an acoustic bandwidth of 8-40 kHz. (The low end
of the frequency band has been high pass filtered to eliminate the noise created by USW
sonars aboard submarines, surface ship and the dippers of helicopters). The Bunker has a
transmitter integrated into the unit as well. There are low frequency transmitters (1.5-4
kHz) and high frequency transmitters (8-13 kHz) located in respective Bunkers. The
Bunkers receive in-water pings generated by participants on SWTR. These cooperate
ping signals are required to accurately position the underwater vehicle on the SWTR. The
underwater vehicles are submarines, torpedoes or USW targets. Analog data from the
hydrophones is then digitized, ATM formatted and telemetered to the SES over fiber
optic cable at an OC3 rate. The data from the 4 hydrophones per Bunker and 13 total
Bunkers on a single mode fiber optic string is multiplexed and routed to an optical
receiver and demultiplexer in the SES. The SES receives the data, performs a detection
on the pings and tracks the underwater vehicles. Figure 1 provides a graphical depiction
of the SWTR currently under development for the East Coast EC SWTR. The IWS of
EC-SWTR will be located off of Marine Corps Base, Camp Lejeune, NC.



Figure 1 – EC SWTR System Configuration
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The SES also has the capability to send commands and signals out to the Bunkers for the
purpose of transmitting. This transmission capability is ½ of the Underwater Acoustic
Telemetry Modem. The other ½ of this system is located aboard submarines on the
SWTR. A 3kHz data link is available to transfer data from the SWTR to the participant
submarine using a half-duplex protocol. Other warnings and remote control of USW
targets are capabilities that the Bunker transmit function provides.

Integrated with the SWTR is an in-air communications system located at the Range
Operations Center (ROC) in Oceana VA. The ROC utilizes communication towers
located at Camp Lejeune called the Starling Site and on the outer bands of North Carolina
to communicate with ships and helicopters on SWTR. The in-water instrumented area of
SWTR however is some 60 nmiles off shore therefore there is a real challenge to
communicate with surface and low flying air combatants from these 400 foot towers
available to the ROC.

FIBER OPTIC TELEMETRY

The in-water data transfer mode utilized is SONET ATM at an OC3 rate. A collapsed
ring is currently being used requiring 2 single mode fibers. Data from a total of 64
hydrophones can be multiplex onto this collapsed ring. Each hydrophone is A/D
converted at a rate of 104375 Hz with 16 bits of data. Along with the hydrophone data
there is the overhead bits required by the ATM. From the SES, commands including
system timing are sent to initiate the in-water sampling process as well as transmit
commands and signals. The SWTR program requires highly reliable fiber optic telemetry.
Highly reliable because the cost to repair in-water systems such as SWTR is prohibitive.

UNDERWATER ACOUSTIC TELEMETRY MODEM

An Underwater Acoustic Telemetry Modem (UATM) is also planned as part of the
SWTR. Preliminary work has been done with the UATM however the exact approach is
not yet settled on. Basically a Quadriture Phase Shift Keyed (QPSK) of a Multiple
Frequency Shift Keyed (MFSK) approach will be implemented. The initial use of the
UATM will be to support the Virtual Torpedo Program. VTP simulate the virtual launch
and run of an MK48 ACDAP torpedo. The UATM provides wire commands to a
submarine with a Hardware-In-The-Loop simulator operating in Newport. Below is the
data needed to be transferred for VTP:

1. Message Header for each message sent to modem = 10 bytes
2. TELCOM for 2 weapons = 8 bytes/block x 4 blocks/sec x 2 secs x 2 weapons +

4 byte header =132 bytes
3. Posits for 3 participants = 20 bytes/participant x 3 participants = 60 bytes
4. Event Message (worst case - freeform) 52 bytes/message = 52 bytes



5. Encryption Overhead (not usable for data) = 60-70 bytes
Grand Total = 324 bytes (and add 10% for minimal growth/errors  ~360 bytes)

Data is downlinked to the Bunkers from the submarine at a center frequency of 17 kHz
and uplinked from the Bunker at a center frequency of 10.5 kHz.

IN-AIR COMMUNICATIONS

The Range Operations Center is required to communicate with ships and low flying
aircraft on the ECSWTR. The range however is some 60 nmiles offshore. The largest
onshore tower available for RF communications is only 400’ tall. A solution to this
communication problem is required. Some of the possibilities are:

• A taller tower at the Starling (or elsewhere) capable of line of site to the range area
for voice and Large Area Tracking Range (LATR) data

• An offshore barge to relay in-air comms and LATR track data to Starling
• Use of SAT Comms to provide voice communications
• Use of an Aerostat to relay voice and LATR data
• An off-shore tower putting the junction box on the tower along with an antenna

and relay electronics
• An Unmanned Autonomous Vehicle or plane relay capability
• A Bunker with an underwater which that pops up a relay antenna

A practical solution to this issue is required.

SUMMARY

There are several areas that need innovative solutions in order to accomplish the
requirements of SWTR. Key technologies are underwater SONET ATM, underwater
acoustic telemetry and over the horizon RF communications. The 3 technology areas
listed above are needed to support the operational requirements of SWTR. Solutions to
each of these issues have not been completely resolved therefore SWTR is interested in
innovative solutions from the telemetry.
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ABSTRACT

This paper provides a current review of a new installed system test facility (ISTF)
capability for the Air Force and Navy. The requirements, design characteristics, and status
of the joint-service Communications, Navigation, Identification Simulator (CNIS)
developments will be covered along with their relationships with the Air Force’s Avionics
Test and Integration Complex (ATIC) and the Navy’s Air Combat Environment Test and
Evaluation Facility (ACETEF) ISTFs. These developments provide the services an
interactive spatially, temporally, and tactically coherent signal environment for
development and operational test and evaluation. The Joint Communications Simulator
(JCS) and Joint Data Link Simulator (JDLS) capabilities, integration aspects, and
development schedules (2000 IOC) will also be addressed. Finally, installed system test
and evaluation concepts, both Air Force and Navy, using the simulators will be previewed
to assist upcoming development programs in identifying potential applications.
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SUMMARY

This paper provides a current review of a new installed system test facility (ISTF)
capability for the Air Force's Avionics Test and Integration complex (ATIC) and the
Navy's Air Combat Environment Test and Evaluation Facility (ACETEF) ISTFs. The
background, requirements, and capabilities of the joint service Communications
Navigation Identification Stimulator (CNIS) suite is summarized along with their
relationship with the electronic combat (EC) test process. These developments provide the

services an interactive, coherent signal environment for
development and operational test and evaluation. Test
concepts for the Joint Communications Simulator (JCS) and
Joint Data Link Simulator (JDLS) are previewed to assist
upcoming development programs in identifying potential
applications. Installation concepts are also explained. The
systems are described and development status (2000 IOC)
addressed. The conclusion states that the systems can meet
customer requirements, joint developments can and do work,
and follow-on effort is needed to provide full completion. We
wish to thank the folks at ViaSat, Raytheon Communications
Systems, Mnemonics, AFFTC/EW (including TYBRIN), and
Navy personnel at ACETEF (who actually have the lead on
this CNIS development) for their efforts.

INTRODUCTION

The genesis of the CNIS effort began about 15 years ago with studies and prototype
efforts. These activities led to several General Telephone and Electronics (GTE)
simulators in the late 1980's and early 1990's. An Air Force (AF) requirements effort had
been undertaken and almost completed in 1993 to consolidate AF requirements for a CNI
stimulator. The driving requirements were for a coherent, closed-loop, interactive
capability. (Coherency, in this case, means temporally and spatially consistent). The
resulting set of requirements would serve as the focus for all subsequent AF developments
and objectives. While several stimulators were developed during the early and mid 1990's
and are in service today, they do not meet all the AF requirements. In parallel, the Navy
(ACETEF) had initiated and was completing a Small Business Innovative Research
program to develop a communications simulator.

In 1993, the Office of the Secretary of Defense (OSD) determined that the Air Force's
ECIT program and the Navy's ACETEF upgrades were similar enough that efficiencies
could be realized by a joint development effort in several areas. One of these areas was the
CNI simulator and it, along with a Generic Radar Target Generator (GRTG) and an
Infrared Sensor Stimulator (IRSS), were instituted as joint Air Force - Navy programs
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under OSD's Central Test and Evaluation Investment Program (CTEIP). The Joint CNI
Simulator Concept Validation began in 1994, the CNI Requirements Document developed
and coordinated in June 1995, updated in June 1996, and engineering development
initiated in December 1996. The requirements stand today, although several could not be
satisfied within the budget defined in 1993. A pre-planned product improvement effort has
been proposed.

The CNIS program presently consists of two efforts: the JCS and the JDLS. A Joint
Tactical Information Distribution System (JTIDS) simulator effort, originally included was
dropped early for budget and priority reasons. The requirements and capabilities of the
simulators are summarized below along with a short description of their role in the ISTF
portion of the Electronic Combat Test Process.

Communications, Navigation, Identification Simulator Requirements & Capabilities

The basic requirements are
described here and were
derived during the early
portion of concept
development. A systems
specification for the JCS
was also developed.
Although there were quite a
few differences between
the Air Force and Navy in
both necessity and fidelity
of several elements, we have grown together and the
essential capabilities are in the current baseline. For those

not familiar, the acronyms are defined later in the paper.

The foremost requirement is the need for coherency in the signals and simulations whether
operating in a ‘standalone’ or an ‘integrated’ mode with the facility's real time executive
(RTE). This requirement is being designed into the JCS, JDLS and the simulation
executive associated with the ATIC's Benefield Anechoic Facility (BAF) and ACETEF
infrastructures. The JCS simulator must support closed-loop interactive emissions. This
has been a primary driver in the CNIS and the GRTG efforts to date, and final concepts
are being definitized for the IRSS. One other major requirement for the simulators is the
ability to provide the test article theater-level signal density based upon realistic scenarios.
The data link requirements included specific links, scenario-based modeling, actual link
reception, and standalone or integrated operations.
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Joint Communications Simulator Capabilities

The JCS provides coherent signal and simulation for multiple user-defined networks,
interactive IFF and navigation in the free-space or injection modes, and phase angle of
arrival capabilities. There is a 42-signal library encompassing wide band radar, navigation,
and IFF signals and several narrowband data link signals. The system capacity is 2,000
emitters and 2,000 platforms, of which 400 can be mobile. Most of these have medium 4
degrees of freedom (4 DOF) kinematic fidelity and 2-dimensional antenna patterns. Within
the 400 mobile platform set, 52 are supported with 6 DOF kinematics and 3-dimensional
antenna patterns. The test article is also supported with 6 DOF kinematics and 3-
dimensional antenna patterns.

Signal and scenario development, built-in-test (BIT), injection and free-space calibration,
and data extraction capabilities are also provided. The system can operate either
standalone or integrated with the ATIC or ACETEF RTE. Ownship navigation outputs are
provided to facility assets for interfacing to the test article.

There are 96 digital signal generation channels, 16 in the Angle-Of-Arrival (AOA)
subsystem and the remainder in the non-AOA subsystem and the Half-Height Carts
(HHCs). The system covers frequency ranges from 500 KHz to 18 GHz. When delivered,
it will support the full range in injection, 100 MHz – 2 GHz (extendible) in free-space and
20 MHz to 2 GHz in AOA injection over 32 ports.

We defined the following and used it as a design benchmark:

Table 1 - JCS Signal Density

Primary Signal Of
Interest (SOI) Type Land Air Totals
A-A Data Link - 8 8 (WB)
NAV 18 150 168 (Pulse, WB)
IFF 8 150 158 (Pulse, WB)
ATC 4 100 104 (Pulse, WB)
Radar 12 (12) 12 (Pulse, WB)
A-G/G-A Data Link 2 2 4 (NB)
G-G 49 - 49 (NB)

Primary SOI Totals 93 410 (422) 503

Background SOI Type Land Air Total
Voice 500 150 650
Morse 30 - 30
TV 5 - 5

Total Background SOI 535 150 685
Total Primary/Background 628 560 (572) 1188



JDLS Simulator Capabilities

The data link simulator supports Tactical Receive Equipment and Related Applications
(TRAP), Tactical Data Information Exchange System B (TADIXS-B), Tactical
Information Broadcast Service (TIBS), Officer in Tactical Command Information
Exchange System (OTCIXS), Link 4 and Link 11 blue data links. These were identified
through our customer contacts. The system uses commercial off the shelf (COTS) Zebra
gear that supports any of the receiver or transmitter types, permitting easy reconfiguration.
Link 4 and OTCIXS are in the Navy system, Link 11 and TIBS are in the AF system. The
system also has a self-contained scenario generation capability with satellite and sensor
models.

Electronic Combat Test Process

The electronic combat (EC) test process is an iterative process of prediction, test,
evaluation, reporting, and updating at increasing levels of fidelity to ensure the product or
system meets user needs. The CNI simulators are in development to fill the installed
system test facilities void between the SIL, HITL and the OAR arenas. These systems
provide an economical method to provide in depth engineering and operational evaluations
of signal reception and processing, high signal densities, interference, and scenario and
flight path variations. It builds upon earlier tests and infrastructures and does not supplant
open-air testing. It does provide a secure, controllable, ground-based, realistic test
environment for evaluating installed systems.

TEST AND INSTALLATION CONCEPTS

Test Concepts - Range

A multitude of testing is currently being accomplished at both the ATIC and ACETEF
including antenna pattern measurements, electro-magnetic environmental effects (EEE),
and electro-magnetic compatibility (EMC) on all types of equipment, even tractors.
Traditional avionics and electronic warfare (EW) testing such as signal reception and
processing, sensor correlation, and operator assessments are also conducted.



Figure 1 - Replication/Extension Concept

One of the primary test concepts this
development addresses is the ability to replicate
the environment systems ‘see’ when testing on
the range.

This has been one of our priorities and, while not
all signals will be available at delivery, essential
signals have been identified and coordinated so
effective and efficient ground tests can be

performed in support of sensor and avionics system flight testing.

The JCS and JDLS simulators produce RF that is coherent in time, space, and information
content. It provides a ‘real world’ RF environment to determine if a system or subsystem is
operating properly and gives the tester the ability to troubleshoot installed system
performance.

With the flight test data captured in a scenario, we will have the ability to conduct in
depth, effective anomaly investigations, and develop a better understanding of the flight
test results and their implication for the test article. Perhaps most interesting will be the
opportunity to put the test article into various situations that essentially expand its
avionics/electronic warfare envelope. This should especially be of interest to Operational
Test & Evaluation personnel.
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In addition, with the scenario-based coherent signal and simulation capability, the
environment can be extended to representative situations throughout the world. Variations
can be developed and the effects on the system analyzed. This gives the test customer the
flexibility to easily set up situations anywhere in the world, alter the locations and
characteristics of signals, and change the flight paths. These same scenarios can then be
used with other test articles with different avionics configurations and the only changes
required would be with the bus interface or intelligence updates.

This provides a very powerful, repeatable, and re-useable tool for the test community!

Test Concepts – Joint Communications Simulator

The current test applications are still available.
Signal detection performance, antenna pattern
measurements, sensor performance evaluations
(with and without interference) are still available
and improved from an operations standpoint. In
addition, the simulators provide an important
customer requirement - repeatability. Anomalous
avionics sensor or system behavior can be
thoroughly dissected and analyzed to determine
exactly what is happening. Exact repeats, as well
as small variations, are easily accomplished.

The interactive capability permits evaluation of
interrogator and transponder performance, interrogator envelope, and any overload effects.
The simulator can also generate a few radar signals, links between network elements, and
characteristics (behaviors) of the various nodes. These can be programmed over a wide
range of capabilities.

The ability to conduct high density situational awareness and fusion testing of installed
integrated systems in a ground test environment offers significant leverage to the
development, test, and user communities. Performance excursions may easily be
constructed, conducted, and analyzed to determine and verify the performance envelope of
the article from the sensor level to the system level.

• Signal Detection, Patterns

• Sensor Performance

• Repeatable Scenario Environment

• Interference

• Anomalies

• Interactive Interrogations

• Situation Analysis

• Sensor Cueing & Slaving

• Information Fusion & Algorithms

• Open-air, Pre, Post-test

• Actual Hardware



Test Concept – Joint Data Link Simulator

The data link simulator, while scenario-
based and coherent for the strategic links is
limited in the tactical links. It is primarily a
message generator. However, it provides a
link receive capability for the facilities. Such
items as link reception, link margin, and
antenna patterns are well within the
capability of the facility and simulator.
Further, it provides a scenario-based
environment. It can be used to generate
coherent off-board information for avionics
systems evaluations of cueing, slaving,
fusion or basic performance. It could also be
used to assist in exercises or to bring in
actual link data.

Either of the systems may operate in a standalone mode or integrated for multispectral
testing. Operations can also be conducted in a free-space or injected RF environment.

The entire facility and the systems within are capable of secure and protected operations
supporting collateral or higher classifications of testing.

As described later in the paper, a preplanned product improvement initiative has been
proposed. A portion of the P3I effort is to expand the data link capability so tactical
networks can be represented within the simulation. It would receive test article information
and provide appropriate information, decisions, and timing within the simulator to permit a
coherent network response to the test article's input for battle management assessments.

Test Concept - Future

With integrated operations, an entirely new spectrum of
capabilities will be available to the evaluator. A coherent,
multispectral environment with greatly increased signal
density is both available and economically attractive for
exploring and mapping the avionics performance
envelope. There will also be increased ability to run
multiple scenarios quickly and with the operator in the
loop.
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• Interactive Interrogations

• Situation Awareness
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• Simulation-based
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Programs are changing. Developmental and operational testing are combining within the
DoD. Separate DT&E is no longer endorsed. Program budgets are too tight, assets too
limited, and testing is moving towards simulation based acquisition (SBA) with less
traditional evaluations and increased modeling and simulation throughout.

The community has to adapt; these simulators and the ISTFs offer the opportunity to use
this new framework without large capital outlay by everyone. The benefits that can be
derived from programs using these upgrades include reduced test costs, improved system
understanding, and earlier issue resolution. In addition, efficiencies can be achieved by co-
locating the entire test effort at one place. In addition to flight test capabilities, open air
ranges, hardware-in-the-loop facilities, measurement facilities, and SIL capabilities, the
ATIC and ACETEF will be the premier ISTFs in the world.

Two other uses offer significant potential. The first is for
projects without dedicated SILs or HITLs that use
complements of ‘standard’ components. Once the test
cases and scenarios are defined, each configuration or
‘type’ can be evaluated against the same benchmark.
Second, the ISTFs can provide an effective option for
limited asset programs needing parallel deployment and

combined testing. This provides an opportunity for simultaneous, multispectral stimulation,
in a reactive mission level scenario, to thoroughly ‘wring out’ a system while it is being
deployed ‘in theater’. A breadboard, prototype, or pre-production unit could use the ISTF
to evaluate the full spectrum of expected theater RF emissions.

Several programs are investigating use of these capabilities including the Joint SIGINT
Architecture Family, Joint Precision Approach and Landing System, the F-22, and the
Joint Strike Fighter. There is also, of course, the primary fighter and attack upgrades.
Installed systems testing provides an excellent opportunity to determine the envelope of
such equipment.

Installation Concepts

There are two typical installations within the BAF for the test article: the turntable and the
corner. Hoists are available at each location and the article can be hoisted or remain on the
ground at either location. Test article rotation can be accomplished hoisted at both
locations and on the ground at the turntable. The CNI simulators can support customer test
concepts whether injected or free-space. Mixed modes, injection and free-space are
planned for the JCS with the test article located typically under or on the corner hoist.
Concepts are shown for the JCS; the JDLS would be similar except there is no phase AOA
injection.

• JSAF, F22, JSF, JPALS

• Upgrades:

• F-16, F-15, F-18

• C-135, EP-3, EA-6B

• UAVs, Ground Vehicles,
Stations



Injection

Full injection operations on or above the turntable would have the JCS Control Station
Subsystem (CSS) located in the CNI Lab on the west wall or out on the floor depending
upon the test.
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Figure 2 – Benefield Anechoic Facility Injection Installation (Typical)

For most injection operations, the CSS is in the lab where the infrastructure timing,
control, and simulation interfaces are readily available. The AOA RF Distribution System
(ARFDS) will be located on the floor because positioning under the turntable would
require extensive relocation time and the line lengths would be too long. As stated earlier,
a dynamic environment resulting from player actions and relations in pitch, roll, and yaw
can be applied to the apertures. An alternate concept would be using the area around the
corner hoist in the southeast corner of the BAF. Test articles can either be hoisted or not.
Since the simulator is reasonably portable, it could be moved to Threat Site 2.

In either case, the test article would be ‘tied’ to the JCS for information and to provide
ownship dynamics.



Free Space

The same locations would be used for free-space applications. In most situations (except
for very large aircraft), the test article would be hoisted. The CNIS would be located in the
CNI Lab and the test unit would receive RF radiation from the CNIS through the I&GTC
RF Free Space (RFFS) distribution system and low band antenna carts. Again, the test
article is expected to provide information to, and receive ownship dynamics from, the JCS.
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Figure 3 - Benefield Anechoic Facility Free-Space Installation

SIMULATOR DESCRIPTIONS

Joint Communications Simulator

The JCS provides all of the communications, navigation, and identification signals for the
ATIC and ACETEF (with the exception of the GPS and blue data link signals). It is a
coherent, closed-loop, interactive, rule-based simulator capable of providing mission to
theater-level densities in the CNI domain. Its design supports 2,000 assignable emitters
(100 interactive closed-loop), on up to 2,000 platforms (400 of which can be mobile). It



provides a full development environment, from building the signals to defining the emitters
to populating the platforms to defining the network structures, rules, and flight paths.

Figure 4 - Joint Communications Simulator

The JCS, in its standalone configuration, provides all of the elements necessary to
accomplish an interactive, closed-loop test. The workstation provides the man machine
interface (MMI) to develop the signals and antenna patterns, allocate them to emitters,
assign emitters to platforms, laydown the platforms to initial geographic reference points,
and generate the rules for the players, simulated organizations, delays, and scenario. The
Real Time Control Processor (RTCP) will include two primary items, the Geometry
Relation Processor (GRP) and the Coherent Signal Simulation Processor (CSSP). These
form the heart of the simulation and control aspects and provide the foundation on which
the rule-based simulation proceeds.

The simulation will be able to support both the test article and at least 50 virtual platforms
with 6 DOF kinematics. Any remaining virtual platforms will be supported with 4 DOF
kinematics. In addition, the system will be able to provide multiple 3-dimensional receive
and transmit antenna patterns for both the test article and high fidelity virtual players. Two-
dimensional antenna patterns are provided for any remaining platforms.

The JCS has an update rate of 100 Hz that it achieves through a 20 Hz frame rate and
extrapolations for motion, attitudes, signal propagation and AOA effects up to 100 Hz.
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The system will provide non-AOA RF emitters from 500 KHz to 18 GHz with 1 Hz
resolution through multiple mixers and combiners in three or four bands. The lowest band
runs from 500 KHz to 400 MHz, the second from 400 MHz to 2 GHz, and the third from 2
GHz to 18 GHz. A fourth ‘mid-band’ range, from 2 GHz to 6 GHz, can be provided as an
option. Maximum output will be -20 dBm for connection to the I&GTC’s RF distribution
and free-space system or combined with the AOA output as background signals. The
dynamic range will be 100 dB; outputs will be coherent in time and provided at the proper
amplitude (considering range and propagation losses) up to the maximum output power.

Waveforms will be user definable and will simulate both
analog and digital CNI and some electronic warfare (EW)
waveforms. These include amplitude modulation (AM),
quadrature amplitude modulation (QAM), double sideband
(DSB), quadrature double sideband (QDSB), Single
sideband (SSB), independent sideband (ISB), and
frequency modulation (FM) analog signals with double
modulation (external audio or digital information) for the
AM, DSB, and FM signals. The digital signals include
phase shift keying (PSK), frequency shift keying (FSK),
amplitude shift keying (ASK), QAM, pulse position
modulation (PPM), and pulse. The JCS will also be able to
support spread spectrum emissions with frequency
hopping. The simulator is being designed to produce any
signal within a comprehensive signal list. About 40 signals
are to be included in an emitter library at the time of
system delivery, based upon the needs of the customers

anticipated at IOC. The support necessary to expand this list (within the basic
characteristics of the stimulator) will be available for our customers as their needs change.

The Signal Generation Units (SGUs) generate waveforms digitally within the High Fidelity
Base Band Module (HFBBM). Each HFBBM has four parallel programmable modulators
(PPMs) or channels. The AOA SGU has 4 HFBBMs and the non-AOA SGU has 20. The
units convert from digital to IF for upconversion. The SGU processors calculate antenna
gains and atmospheric loss between emitters and apply this information to the signal. They
will also provide time sharing for the signal sources, timing information as seen by the test
article, doppler, and power level and record any pulse group dropouts. The signal is then
upconverted, amplified, combined and distributed in the RF Distribution System (RFDS)
for RF injection.

In addition, should a customer desire to have another system provide a signal or waveform,
the AOA SGU will be able to switch signal input from the JCS internal source to the
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external source for splitting, upconverting, amplifying, and combining. The AOA control
processor calculates and applies the appropriate phase and amplitude to the 16 signals for
distribution to the 32 port combiners. The output may be used to drive one or a set of
apertures.

The AOA signal generation and RF distribution subsystem provides full phase and
amplitude control over 32 output ports to provide time, spatial, and phase coherency. The
AOA capability will cover frequencies from 20 MHz to 2.0 GHz, with a dynamic range of
80 dB and a relative (port-to-port) attenuation of up to 40 dB. The design provides
independently selectable and programmable phase control of Ports 2 to 32 (relative to Port
1) from -180 to 179 degrees in 1 degree steps based upon a real-time AOA calculation
with antenna pattern data. The electrical phase error between Port 1 and Ports 2 to 32 is
specified at <4° RMS over the full range of input frequencies and programmable offsets
with no attenuation and < 6° between Port 1 unattenuated and Ports 2 to 32 at maximum
attenuation. The output power range will be -40 dBm to -120 dBm. The RF distribution for
injection into the test article will be provided with phase matched cables.

The JCS will interface with the test article for information exchange to obtain event
sequencing and modes and to provide ownship dynamics. The interface to obtain test
article information is through the Interactive Emitter Chassis (IEC) VME backplane and a
customer-provided bus interface card. With this interface, the JCS can accommodate those
systems that have autonomous capabilities. Ownship navigation information is provided by
the JCS navigation processor to shared memory, then through an organic facility interface
such as MIL-STD 1553 to the test article.

For free-space emanations, the signal is provided to the I&GTC RF Free Space Low Band
Cart (LBC) system for free-space radiation. Each JCS HHC uses a processor, HFBBM,
mixer, and combiner from the non-AOA SGU complement restricting the test operations
that can be conducted simultaneously.

Joint Data Link Simulator

The JDLS is a result of coalescing requirements, test utility, and COTS performance
capabilities. The JDLS will be based on a Mnemonics ZEBRA system that has been
modified to run with external scenario control. The Zebra system provides a fully
compliant VME transmitter/receiver, message processors, and embedded crypto for a
number of strategic and tactical data links. It will form the modular building blocks for the
simulator, providing the capability to transmit and receive TRAP, TADIXS-B, TIBS,
OTCIXS, Link 4 and Link 11 data links. The Navy populated their ZEBRA with TRAP,
TADIXS, OTCIXS, and Link 4. The AF selected TRAP, TADIXS, TIBS, and Link 11.
The JDLS scenario generation capability provides satellite and sensor models to simulate
observing the same environment that are being used to simulate the test article. A



programmable time interval will be used to delay transmission of observed events reported
over the data links to simulate how they would be reported by real world systems. In an
integrated test, the JDLS and other stimulators can be used to evaluate the test article’s
capability to use off-board information with information obtained through its own organic
sensors. Off-board information may be used to cue sensors or provide identification
information for a track developed with organic sensors.

Simulation for Link 4 and 11 is limited to message handling and actual link transmissions.

Workstation

SPARC 20 HP Amplifier

HP Amplifier

HP Amplifier

HP Amplifier

Roof SAT Antenna

LOS

OMNI

Rx 1 Module

Rx 2 Module

Rx 3 Module

Rx 4 Module

Tx 1 Module

Tx 2 Module

Tx 3 Module

Tx 4 Module

Antenna
Interface
Module

GA Module

Black Side
ControllerCrypto Module

Red Side
Controller

Crypto Module

GA Card

VMEbus

VMEbus

Ethernet

Zebra Chassis

Red Side Black Side

KG-40A

Anechoic
Chamber

KG-40A and Interface
Cables (or Connectors)
Supplied by Customer

Optional

Figure 4 - Joint Data Link Simulator

The system will have all the elements necessary to operate in a standalone configuration,
including workstation, stimulator, outside antennae, and the cabling to connect the
antennae to the stimulator and from the stimulator to the test article’s antenna port. Phase
angle of arrival is not required for the JDLS.

Originally, the CNIS program contained two data link stimulators, one for strategic links
and one for tactical links. However, JCS requirements were deemed more important by AF
customers, and the desire, at the time, for the tactical links was low. Thus, action was
taken in 1995 to eliminate the JTIDS capability from the suite. Since that time, the JTIDS
need has resurfaced as new requirements were identified; unfortunately, the budget was
insufficient. The JTIDS capability is a key part of the P3I initiative.



The primary requirement is a coherent free-space RF capability. The first step will be to
define architecture options, interfaces and integration effort necessary to provide a JTIDS
capability. Initially, a set of JTIDS terminal equipment, JTIDS Test Device (JTD), and a
workstation with government furnished software were envisioned. However, this will not
provide effective scenario-based coherency, but is a near term option to accomplish
compatibility tests and possibly aid with integrated avionics tests.

STATUS REPORT

All CNIS efforts are on contract including recent additions to the JCS for a collateral
security capability and the integration with the facility RTEs. The PDRs and CDRs have
been completed and factory integration and test are underway. The JDLS has been
completed and delivered to the ACETEF for final acceptance.

Joint Communications Simulator

The initial JCS contract was awarded in July 1995, and
the final contract was awarded 10 December 1996. The
Preliminary Design Review was completed in August
1997 and the Critical Design Review in February 1998.

The JCS effort has completed the hardware fabrication
for everything in the baseline program. The only

remaining items are the interactive emitter, the HHCs for the free-space capability, and the
additional processors for the RTE and navigation interfaces. The later tasks have just
begun and the software builds reflect the recent schedule additions of these tasks. Basic
scenario initialization software has been completed; the GRP and offline built-in-test
Computer Software Configuration Items (CSCIs) will complete in May 1999. The AOA
RFDS and the wide-band signals should complete in November 1999, the Coherent Signal
and Simulation Processor (CSSP) should complete in January 2000 and final integration
will begin. The last software build, with the full scenario, signal library, and remote
terminal operations is scheduled for May, 2000.

Factory system integration will begin next spring and complete with acceptance and
delivery scheduled for February 2001. The RTE addition was delayed for top-level
definitions and several extra iterations with the dual AF/Navy interface definitions.
Verification and validation (V&V) will be accomplished in parallel with the factory
integration using special test equipment, organic test personnel for evaluation, and
oversight by the V&V team.
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As some customers have expressed a desire to use the
system in the summer or fall of 2000, accelerated delivery
of the free-space portion with the collateral signal set is
being investigated and appears feasible.
We anticipate no further additions at this point that would
affect delivery.

The JDLS contract began in July 1995. All hardware and preliminary acceptance have
been completed. The equipment is transferring from the contractor's facility to ACETEF
for final acceptance and training. Upon completion, one set will be shipped from ACETEF
to the ATIC for installation and checkout. Integration discussions were conducted between
Mnemonics and both facilities to define the interfaces necessary for the JDLS to operate in
an integrated mode. An interface control document has been developed, but further efforts
will be necessary.

Preplanned Product Improvement

As the program progressed through the hardware
and software development, the team acquired a
much deeper understanding of the signals, their
roles, and evaluation options offered by scenario-
based simulation. There is a definite need for
higher performance, greater functionality, better
fidelity and increased density.

More important, there are still shortfalls meeting the original needs for jamming and
scenario-based blue data links. These capabilities are necessary to satisfactorily evaluate
advanced fusion systems or those using state-of-the-art off-board links.

A joint effort has been proposed to continue with a preplanned product improvement effort
to close the holes and provide the performance necessary for the T&E infrastructure to be
ready for the evaluations in 2002-2007. The mid-year review is next week.
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CONCLUSION

We believe we are ideally postured to complete
the effort and provide system developers and
modifiers a powerful, flexible, and economic
tool to improve their test and evaluation
programs. The schedule supports our test
customers and we expect to be on line and
supporting tests in the first quarter of 2001. We
are also, as stated previously, investigating an
early delivery of the JCS free-space capability
with the collateral signal set. We have defined
and initiated design and development toward a
RTE interface point that is extremely similar
between the AF and Navy and the facilities are

developing toward that same interface point.

We just want you to know that we believe the joint programs can and do work. We have
weathered quite a few discussions and issues and have established a process and team that
is responsive to technical requirements, schedules, and customers.

Our P3I effort is going forward and we are taking requirements for this effort. Please
contact either John Kriz or myself and we will get them included.

We hope to see you in the future. Please give us a call at 661-277-1551 (John Hull) or
301-342-6117 (John Kriz.
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ABSTRACT

The aim of this presentation is to give an overview of TFDC's capabilities as a flight test
centre and the approach with respect to the management of flight testing.
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INTRODUCTION

The South African Air Force's Test Flight and Development Centre (TFDC) at
Bredasdorp, conducts the major portion of experimental and Research & Development
flight test work in the RSA.

The strategic positioning of TFDC with a large volume of airspace, allowing for
flexibility during flight testing, as well as its capabilities and facilities are the envy of
many foreign Aerospace Companies.

TFDC was officially established on 10 August 1975 at AFB Waterkloof. With the entry
of the RSA into the Aerospace Industry and the establishment of the sophisticated
technical facilities of the Overberg Test Range (OTR) for the space programme, TFDC
was relocated in the Overberg in 1987 and has during the past 23 years, with a relatively
small work force, flown approximately 30 000 flying hours and conducted more than
2 000 flight test programs.



An Aerial view of TFDC with the main runway in the
foreground (10 000ft) and the secondary runway in the
background. (Photo: TFDC photographic section)

CAPABILITIES

GENERAL

The scope of the projects at TFDC, vary from short to long duration, low to high cost,
moderate to high technology, and low to high risk. Some of the tasks currently include
the qualification of the locally developed maritime surveillance suite, the locally
developed electronic warfare suite, performance tests, flutter tests and various smart
weapons.

Denel's Overberg Test Range also plays an important part in the conduct of flight test
trials. Accurate spatial positioning, optical and radar tracking of airborne targets is
provided. Cine-theodolites are located throughout the test range for visual tracking of
aircraft and released stores, while the laser track mount and Doppler tracking radar's are
used for accurate multi-target tracking.

To ensure proper support and the highest possible success rate the capabilities and skill of
technical telemetry personnel plays an important role. Furthermore the dependability and
availability of the telemetry equipment utilised during the flight test is considered as
equally important.

To ensure the latter, TFDC has adopted the Product Support Supplier (PSS) concept for
the maintenance, support and operation of the telemetry ground station and maintenance



of approximately 50% of the airborne telemetry equipment. Reunert Defense Logistics
(RDL) is presently contracted as the PSS for the telemetry system at TFDC.

TFDC has, during 1997, launched an active program to improve the TM data acquisition
capability by providing the state-of-the-art equipment including data processing, data
displays and to meet future test programs. The TM data acquisition system improvement
program includes the planned procurement of equipment to replace old or obsolete
equipment and equipment for system checkout and verification.

TELEMETRY GROUND STATION

The telemetry ground station, due to the earlier weapons boycott, comprises equipment
from various suppliers. The present capabilities of the ground station includes reception
of telemetry data in P-band and/or L-band. In both bands, a dual receiver approach with
diversity combining is utilised. For the P-band frequencies, Microdyne and ATNE
equipment are used with manual tracking and for L-band ATNE receivers and diversity
combiner in conjunction with a 3 meter parabolic dish antennae capable of auto tracking.

In the L-band the capability also exists to relay video data from an aircraft which is often
used during release clearances and providing the client with a visual of what is happening
with his product.

Ground telemetry control station. Data display in digital,
analogue and brush recorder format as per requirement. (Photo:
TFDC photographic section)



The upgrade process for the ground station includes processing and display of 1553
format data and new more advanced data recorders to name but two. It must be
mentioned that any change to the ground system is always measured against the total
telemetry system, meaning that compatibility and synergy with the rest of the telemetry
system must always remain.

AIRBORNE TELEMETRY

The flight test instrumentation section at TFDC is responsible for the design, installation
and maintenance of all telemetry related tasks and onboard installations.

This section is also in the process of upgrading certain equipment which include new data
recorders and development of a "miniature" telemetry strap-on pack that utilises a
processor for first level processing and accumulation of required data. The main objective
of this development is a decrease in weight and installation time and an increase in
capability.

TFDC flight test instrumentation personnel busy fitting a SAAF Alouette III
with a telemetry strap-on pack for low rotor RPM flight trials. (Photo: TFDC
photo section)



This concept has been in existence since the early 80's. What is however significant is the
fact that TFDC is moving in a direction that is vital in flight testing, namely, more cost-
effective means of data collection.

Detail view of strap-on telemetry pack as developed by TFDC. (Photo:
TFDC photographic section)

The onboard telemetry section is also supported by a comprehensive and highly skilled
R&D section who is responsible for the design and manufacture of all electronic circuitry
required for signal conditioning and display requirements.

DATA REDUCTION

The facility responsible for data reduction and real-time processing and display of
telemetry data received a mayor boost a few years ago with the acquisition of an OS90
system. Apart from its vast processing power it also extended TFDC's capability to
display real-time telemetry data to the customer giving him visibility of what is
happening with his product and thus making him part of the total process.

The telemetry ground station and the OS90 in the data reduction room is linked via fibre
optics to ensure proper high speed transfer of data from the receivers to the processor for
real time data processing and display.



Personnel monitoring real time data of a flight test on terminals
connected to the OS90. (Photo: TFDC photographic section)

To ensure availability as well as supportability, TFDC has signed a back-to-back contract
with L3 Communications that includes notification and correction of software bugs as
well as any configuration changes/redundancy of components.

APPROACH TO FLIGHT TESTING

FLIGHT TEST SAFETY

The hazardous nature of flight testing places a high premium on safety of flight. To
ensure that all flight tests are conducted with the safety as a key factor, TFDC uses a
System Safety Specialist to manage the flight test safety aspect as a systems engineering
process. This ensures that all possible negative influences on the safe conduct of a flight
test is eliminated or at least made visible.

By utilising this approach and taking into account the exploratory nature of the flight test
task, TFDC has managed to achieve impressive flight safety statistics with extremely low
flight test incident rates.

FLIGHT TEST MANAGEMENT PROCESS

TFDC is functionally controlled by Director System Integrity, via the Staff Officer Test
Flying (SOTF). This in effect results that all flight testing conducted by TFDC is tasked
by SOTF. At TFDC the scheduling of the tasks are managed by the Flight Test Director.



During a trials management meeting, which is held once a week, all tasks are concepted,
prioritised and task leaders appointed.

It is the responsibility of the task leader to ensure that the rest of the process is executed
with the flight test report as the end result. To achieve this, there are various steps that
must be followed to ensure success. Figure 1 gives a broad outline of the process.

Figure1: Flight test management process

To ensure that the total process is optimised and cost effective, TFDC management
believes in innovative thinking. This approach can be explained as follows:

In order to survive in today's marketplace, an organisation and that includes TFDC, must
above all, be successful in innovation. By innovation in flight testing it is meant the
ability to create new ideas that are critically judged, modified and then finally used to
establish new and better approaches, methods, or devices.

Having said this it is also important to keep in mind that for instance to get from point A
to point B one can use a VW or a Cadillac, meaning that care must be taken that when
something is good enough it should be implemented and used. Remember that 'best' is the
enemy of 'good'.

CONCLUSION

The financial implications (and/or constraints) and complexity of the modern test aircraft
and ground support equipment, telemetry data acquisition equipment, data processing and
display equipment will in future be major considerations in the consolidation of test
activities. A further element, namely, the need for increased visibility by the customer
will also influence the total flight test process.
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Keeping the above in mind it is pertinent that the South African telemetry community
work together and consolidate test events wherever possible to ensure survival of all. This
approach also includes the sharing of innovations, making visible research and trends wrt
acquisition of new equipment to ensure compatibility between the various telemetry users
but maybe the most important, is the sharing of successes and failures so that we can
learn from each other.



PTP EX:
HIGH-RATE FRONT-END TELEMETRY AND COMMAND

PROCESSING SYSTEM

Siragan Ozkan
Avtec Systems, Inc.

ABSTRACT

This paper describes the PTP EX, a 160 Mbps Telemetry and Command front-end
system, which takes advantage of the state-of-the-art in networking and software
technology, and the rapid development in PC components and FPGA design.
Applications for the PTP EX include High-rate Remote Sensing Ground Stations,
Satellite/Payload Integration and Testing, High-rate Bit Error Rate Test (BERT) System
and High-rate Digital Recorder/Playback System.

The PTP EX Interface Board, the MONARCH-EX PCI High Speed Frame
Synchronizer/Telemetry Simulator with Reed-Solomon Encoder/Decoder, is designed
with the following key capabilities:

• 160 Mbps serial input for CCSDS Frame Processing (Frame Synchronization, De-
randomization, CRC, Reed-Solomon decoding, time stamping, quality annotation,
filtering, routing, and stripping);

• 160 Mbps disk logging of Reed-Solomon corrected CCSDS frames with simultaneous
real-time processing of spacecraft engineering data and ancillary payload data;

• Onboard CCSDS Telemetry Simulation with 160 Mbps serial output (Sync Pattern,
background pattern, ID counter, time stamp, CRC, Reed-Solomon encoding,
Randomization, and Convolutional encoding);

• Bit Error Rate Testing up to 160 Mbps (Pseudo-random transmitter and receiver with
bit error counter).

The innovative architecture of the MONARCH-EX allows for simultaneous logging of a
high-rate data stream and real-time telemetry processing. The MONARCH-EX is also
designed with the latest in field-programmable gate array (FPGA) technology. FPGAs
allow the board to be reprogrammed quickly and easily to perform different functions.
Thus, the same hardware can be used for both Telemetry processing and simulation, and
BERT applications.



The PTP EX also takes advantage of the latest advances in off-the-shelf PC computing
and technology, including Windows NT, Pentium II, PCI, Gigabit Ethernet, and RAID
subsystems. Avtec Systems, Inc. is leveraging the PTP EX to take advantage of the
continuous improvement in high-end PC server components.

KEY WORDS

CCSDS, Reed-Solomon Coding, Data Logging, and Level-Zero Processing.

INTRODUCTION

Avtec Systems, Inc. PTP EX is a High-rate CCSDS Front-end Telemetry and Command
Processing System. Applications for the PTP EX include High-rate Remote Sensing
Ground Stations, Satellite/Payload Integration and Testing, High-rate Bit Error Rate Test
(BERT) System and High-rate Digital Recorder/Playback System.

The PTP EX Interface Board, the MONARCH-EX PCI-based High Speed Frame
Synchronizer/Telemetry Simulator with Reed-Solomon Encoder/Decoder, is designed
with the following capabilities:

• 160 Mbps serial input for CCSDS Frame Processing (Frame Synchronization, De-
randomization, CRC, Reed-Solomon decoding, time stamping, quality annotation,
filtering, routing, and stripping)

• 160 Mbps disk logging of Reed-Solomon corrected CCSDS frames with
simultaneous real-time processing of spacecraft engineering data and ancillary
payload data

• Onboard CCSDS Telemetry Simulation with 160 Mbps serial output (Sync Pattern,
background pattern, ID counter, time stamp, CRC, Reed-Solomon encoding,
Randomization, and Convolutional encoding)

• Bit Error Rate Testing up to 160 Mbps (Pseudo-random transmitter and receiver
with bit error counter)

The PTP EX also supports CCSDS Telecommand (including COP-1), however this paper
focuses on the Telemetry Processing capabilities of the system.

CCSDS PACKET TELEMETRY OVERVIEW

The Consultative Committee for Space Data Systems (CCSDS) has outlined a series of
recommendations designed to promote standardization between missions, spacecraft, and
member organizations. The recommendations on Packet Telemetry promote
standardization in the end-to-end transport of mission data from application processes in
space to distributed user application processes in space or on Earth.



In Packet Telemetry, multiple spacecraft processes generate data packets. The size and
rate at which these packets are generated can vary depending on the requirements of the
on-board process. A packet identifier header is then prepended to the data packets, and
the variable size packets are inserted into fixed length Transfer Frames. Packets may span
multiple Transfer Frames, up to the maximum allowed packet size.

Each Transfer Frame has a header containing a frame identifier field and frame sequence
count information. The frame identifier field is used to define which Virtual Channel
group that a particular Transfer Frame belongs. Virtual Channelization provides a method
for organizing and prioritizing Transfer Frames. A particular Virtual Channel (VC) can
be assigned for a specific type of data. For example, VC 0 is typically used for real-time,
mission-critical and spacecraft housekeeping data. Other VCs can be assigned for
playback telemetry or image data.

Once the Transfer Frame is created, it can optionally be encoded prior to transmission
over a RF link. CCSDS defines a concatenated coding scheme with an inner
Convolutional code and an outer Reed-Solomon code with block interleaving.
Additionally, a CRC checksum can be added, and the data can be Randomized prior to
transmission. Figure 1 is a diagram of an encoded Transfer Frame with Packets.
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 Figure 1: CCSDS Transfer Frame

As shown in Figure 1, the CRC checksum is calculated and appended to the end of the
Transfer Frame. The Reed-Solomon codeblock is then generated and appended after the
CRC. After the Reed-Solomon code is added, the Transfer Frame can be Randomized
and Convolutionally encoded.

PTP EX SYSTEM ARCHITECTURE

The PTP EX System is based on the architecture of a standard PC server. A block
diagram of the PTP EX system is shown in Figure 2. The standard PC architecture,
Windows NT operating system, and the PCI bus allow for upgrade of all peripherals. No
proprietary bus, CPU, or system architecture is used except for the MONARCH-EX PCI-
based Frame Synchronizer/Telemetry Simulator with Reed-Solomon Encoder/Decoder.



The PTP EX system contains dual Pentium II 400 MHz processors with 256 MB
SDRAM, built-in 10/100 Base T Ethernet, a 2 GB Ultra/Wide mirrored SCSI system hard
drive, a CD-ROM drive, and a 1.44 MB floppy drive. The system’s dual processors,
mirrored system hard drive, and redundant hot swap power supplies provide high
availability for mission critical applications.

The PTP EX system is configured with the Windows NT operating system and Avtec’s
PTP NT software. The PTP NT software controls all aspects of the PTP EX system.
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Figure 2: Block Diagram of PTP EX System

PTP NT SOFTWARE OVERVIEW

The PTP NT software controls all aspects of the system, including data flow and board
configurations, via software modules. Each module represents physical interfaces
including the network, disk, and Frame Synchronizer/Telemetry Simulator, as well as
software processes such as the CCSDS Virtual Channel Processor, Packet Processor, and
the File Recorder. All modules are loaded onto the PTP NT Desktop. Figure 3 is a
sample PTP NT Desktop with modules loaded and configuration windows open. Each
module has its own configuration and status windows, specific to the component it
represents. Once loaded, the modules can be connected in various ways to control data
flow and input/output via the easy-to-use Graphical User Interface (GUI). The PTP NT
can be controlled locally or remotely via a network socket interface.



Figure 3: Sample PTP NT Desktop

MONARCH-EX OVERVIEW

The MONARCH-EX Frame Synchronizer/Telemetry Simulator with Reed-Solomon
Decoder/Encoder is a two PCI board set. The MONARCH-EX baseboard performs all
frame processing including Frame Synchronization, Derandomization, Reed-Solomon
decoding, and Data Sorting based on Spacecraft ID and Virtual Channel ID at rates up to
160 Mbps. The MONARCH-EX baseboard also performs Telemetry Simulation at rates
up to 160 Mbps. The MONARCH-EX is a bi-directional board, and as such, can
simultaneously receive and process a 160 Mbps data stream, while simulating telemetry
using onboard memory.

The MONARCH-EX accepts clock and data inputs via a differential ECL interface. The
input/output interface on the MONARCH-EX is provided through a Transition Module,
which resides in an adjacent PCI slot. The MONARCH-EX Transition Module is
connected to the MONARCH-EX baseboard via two 8-bit parallel mezzanine busses. A
block diagram of the MONARCH-EX is shown in Figure 4. The Transition Module
provides the differential ECL serial interface and a Frequency Synthesizer for generating
an internal transmit clock. The Transition Module converts the serial input stream to a
parallel data stream and passes the parallel data to the MONARCH-EX base board for
frame processing. The Transition Module accepts a parallel data stream from the
MONARCH-EX baseboard and converts the data to a serial stream for output.
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PTP EX TELEMETRY PROCESSING

Figure 5 outlines the PTP EX System’s CCSDS Telemetry Processing capabilities. The
Coding Layer and Transfer Layer (Virtual Channel filtering) functions are all performed
in hardware (MONARCH-EX). Packet Layer processing and data distribution is
accomplished by the PTP NT software. Optionally, Transfer Layer functions can be
performed in software.
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Figure 5: PTP EX CCSDS Telemetry Processing

HIGH RATE TELEMETRY ACQUISITION

The MONARCH-EX accepts high rate serial data in NRZ-L, S, or M format at rates up to
160 Mbps. It performs frame synchronization with auto-polarity correction, de-
randomization, and Reed-Solomon error checking and correction (including VCDU
header), and CRC error detection. The MONARCH-EX supports CCSDS Version 1 and



Version 2 frame formats and service grades 2 and 3. All of the Frame Synchronizer, De-
randomizer, and Reed-Solomon decoding and error correction parameters are user
programmable and can be bypassed. The MONARCH-EX appends a time tag with 1
microsecond accuracy and quality annotation to each frame that is received. The quality
annotation includes the following fields: Frame Sync State, Autopolarity Flag, Bit Slip
Flag, Loss of Sync Flag, CRC Check Flag, and Reed-Solomon Error
Detection/Correction statistics.

The MONARCH-EX routes frames of data to the Archive path and/or real-time path
based on a user specified field in the frame header. The MONARCH-EX contains a
programmable filter that can be used to route frames of telemetry based on any 32-bit
field within the first 16 bytes of the frame. For CCSDS frames, this allows filtering based
on a combination of Spacecraft ID (SCID) and Virtual Channel ID (VCID). For non-
CCSDS frames, this filter can be used to route based on sub-frame ID, or any other 32-bit
field. Frames can be routed to the real-time path or the Archive path, both paths, or
discarded. The data routing is accomplished using a Filter Table located in a Content
Addressable Memory (CAM), which offloads a large portion of work from the CPUs.
The Real-time telemetry is then passed along the real-time data path and taken in by the
PTP NT for software processing. This includes AOS service processing and
encapsulation for network transmission via TCP/IP.

The archive data is transferred directly from the MONARCH-EX to an UltraSCSI
controller in a peer-to-peer fashion without CPU intervention. The Archive telemetry
with quality annotation and time tag is logged to a single file on the UltraSCSI RAID
system at rates up to 160 Mbps. The data file can be processed post pass to sort service
data units into separate files for distribution.

The PTP maintains cumulative data quality statistics, including: count of frames received,
frames archived, frames sent to the real-time path, frames with CRC errors, frames with
RS errors, uncorrectable RS errors, bit slips, and dropouts.

SOFTWARE TELEMETRY PROCESSING (PTP NT)

The PTP NT software performs real-time service processing and network transmission.
The PTP NT software can also be used to perform service processing and network data
transfer on archive data post pass. The PTP EX real-time service processing data rates
vary based on frame length, packet length, and the type of processing required (Virtual
Channel processing and/or Packet processing).

The PTP provides support for both Version 1 (Conventional) and Version 2 (Advanced
Orbiting Systems) of the CCSDS recommendations for packet telemetry. The PTP
supports the following Conventional CCSDS services: Source Packet, Privately Defined



Data, Frame Secondary Header, and the Operational Control Field. The PTP supports the
following CCSDS AOS services: Encapsulation, Multiplexing, Bitstream, Virtual
Channel Access (VCA), Virtual Channel Data Unit (VCDU), and Insert.

The PTP supports service data unit processing using a collection of software modules.
For example, the CCSDS Virtual Channel Processor Module de-multiplexes a data
stream based on Virtual Channel ID. The sorted outputs of the Virtual Channel Processor
module can be routed to File Recorder modules so that each individual virtual channel
can then be logged to independent binary files. Selected service data units can also be
transmitted in real-time over a TCP/IP socket to the local or remote host computers using
the Network Sockets Module. PTP NT also provides a Packet Processor module that
extracts CCSDS packets from selected VCDUs for network transfer or archive. These
packets can then be written to independent, binary files based on APID (Application
Process Identifier). The Bit Stream module extracts bit stream service data units from
selected VCDUs for network transfer or archive. Each service processor module provides
quality annotation based on the operations performed. The PTP service data processing
and routing is completely user definable.

The PTP provides several ways to send data over a TCP/IP network. The PTP will
autonomously send selected real-time telemetry to a TCP/IP (client or server) or UDP/IP
socket port. The PTP also supports IP Multicast so that real-time telemetry data can be
sent to multiple hosts simultaneously. A number of encapsulation modules are available
to format the data prior to network transmission, including NASCOM RTP, IPDU,
SFDU, LEO-T, and EDOS. The PTP’s 100 Mbps Ethernet interface supports network
transfer rates up to 10 Mbytes/sec. The actual network transfer rate depends on the
selected protocol (TCP or UDP), the amount of network congestion, and the distance to
the remote host (TCP acknowledge delay).

SIMULATION AND TESTING

The PTP provides the capability to simulate telemetry data for testing. The PTP can
generate a CCSDS or TDM telemetry streams based on user definable parameters for the
header fields and source data. The PTP can also transmit a stream read from hard disk or
received from the network. The telemetry simulator parameters can be programmed via
the local interface or by the host controller.

The MONARCH-EX generates telemetry frames and outputs serial clock and data at
rates up to 160 Mbps. The MONARCH-EX Telemetry Simulator can read frame data
from the PCI bus, or build frames from host provided data that is stored in onboard
memory (CAM). The MONARCH-EX can overlay a sync pattern, ID counter, and time
stamp before passing the frame to the encoders. The output channel performs CRC
encoding, Reed-Solomon encoding, pseudo-randomization, and convolutional encoding.



The MONARCH-EX can be equipped with an optional Bit Error Rate Tester module.
The Bit Error Rate Tester (BERT) provides the capability to transmit and receive pseudo-
random number codes for end-to-end system testing. The BERT supports 160 Mbps full
duplex operation. The BERT module supports the following pseudo-random patterns:

127 bit: x7 + x6 + 1
511 bit: x9 + x5 + 1
2047 bit (forward): x11 + x9 + 1
2047 bit (reverse): x11 + x2 + 1
32K bit: x15 + x14 + 1
1M bit: x20 + x17 + 1
8M bit: x23 + x18 + 1

The BERT receiver uses a digital correlator to synchronize to the input data stream. This
technique reduces sync loss due to noisy data. The receiver maintains the following
statistics: computed bit error rate, bits received, bits in error, bit slips, and dropouts.

PTP EX CCSDS TELEMETRY PROCESSING PERFORMANCE

The PTP EX system performance varies based on several parameters. The first parameter
being the type of data processing required – archiving only, archiving and real-time
routing, Virtual Channel processing, Packet processing, and/or Network distribution. The
other parameters include transfer frame length (for Virtual Channel processing), and
packet length (for Packet processing).

The direct archiving capability of the PTP EX has been tested at rates up to 200 Mbps.
Since data is passed directly between the MONARCH-EX and the RAID Controller, with
the CPU only responsible for setting up the DMA transfers between the two, CPU
utilization (averaged between two processors) is limited to 10-15% at 200 Mbps.

The PTP EX can perform real-time Virtual Channel processing in hardware or software.
The PTP EX can process frame telemetry (i.e. filter based on VCID) at rates exceeding
9,000 frames per second. The rate varies based on the size of the transfer frame. Figure 6
graphs the performance of the PTP EX versus frame length. The frame lengths used were
derived from varying levels of interleave of the Reed-Solomon codeblock. An interleave
depth of 1 is used for the 259 byte frame, up to an interleave depth of 8 for the 2044 byte
frame.

The PTP EX can also perform real-time Packet processing in software (PTP NT). Packet
processing involves extracting the multiple packets that may be embedded within each
transfer frame. Each packet’s header contains an Application Process Identifier (APID).



The PTP NT filters and sorts packets based on APID. The PTP EX can perform real-time
Packet processing at rates up to 85 Mbps.
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Figure 6: PTP EX Frame Processing Performance

Additionally, once the data has been processed at the Virtual Channel or Packet level, the
data can be distributed via a network sockets interface. The PTP NT provides the built-in
capability to transmit and receive data via TCP/IP, UDP/IP or Multicast. Processed
frames and packets can be transmitted real-time via UDP at up to 40 Mbps on a Fast
Ethernet (100 Mbps) network. All network transfer rates are limited by the amount of
available bandwidth on a particular LAN. Table 1 outlines these results.

Table 1: PTP EX Telemetry Processing Performance Specifications

Direct RAID Archiving Up to 200 Mbps
Virtual Channel Processing >9,000 frames per second
Packet Processing Up to 85 Mbps
Network Transfer Up to 40 Mbps

SUMMARY

The PTP EX High-rate CCSDS Front-end Telemetry and Command Processing System is
based on Avtec’s field-proven PTP NT software and next generation CCSDS board, the
MONARCH-EX. The standard system architecture allows for ease in upgrading and
keeps overall cost down.

The MONARCH-EX board architecture offloads processes from the system CPUs and
uses the PCI bus at maximum efficiency. This is accomplished by sorting the real-time
data and payload data onboard, providing a direct route from the MONARCH-EX to the



Ultra/SCSI RAID subsystem for archiving the payload data via the PCI bus, and passing
only the low-rate real-time data to the system for further processing.

The above features allow the PTP EX to be ideally suited for High-rate Remote Sensing
Ground Stations, Satellite/Payload Integration and Testing, High-rate BERT and High-
rate Digital Recorder/Playback System applications.
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ABSTRACT

Upgrading or replacing production systems is always a very resource-consuming task, in
particular if the systems being replaced are quite specialized, such as those serving any
Flight Test Ground Station.

In the recent past a large number of Ground Station systems were based in Digital's
VAX/VMS architecture. The computer industry then expanded very fast and by 1990 real-
time PCM data processing systems totally dependent on hardware and software designed
for IBM-PC compatible micro-computers were becoming available.

A complete system replacement in a typical Ground Station can take from one to several
years to become a reality. It depends on how complex the original system is, how complex
the resulting system needs to be, how much resources are available to support the
operation, how soon the organization needs it, etc.

This paper intends to review the main concerns encountered during the replacement of a
typical VAX/VMS-based by an Intel-Windows NT-based Ground Station. It covers the
transition from original requirements to totally new requirements, from mini-computers to
micro-computers, from DMA to high-speed LAN data transfers, while conserving some
key architectural features.

This 8-month development effort will expand EMBRAER's capability in acquiring,
processing and archiving PCM data in the next few years at a lower cost, while preserving
compatibility with old legacy flight test data.
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INTRODUCTION

Brazil's industrialization gained strength only after the Second World War, but even before
that, efforts from private and state owned companies existed with the intention of building
and selling commercial aircraft.

EMBRAER was founded in 1970 as a state-owned company. Eight years later EMBRAER
certified its "EMB-110 Bandeirante", a 19-seat non-pressurized commuter aircraft, under
FAA regulations. These were the days of French SFIM's A13 enregistreur photografique,
when engineers used strip-charts on paper films to record flight test data. The first PCM
airborne and ground data acquisition systems were introduced at EMBRAER in 1983 for
the flight test and certification program of the "EMB-120 Brasilia", EMBRAER's 30-seat
pressurized commuter aircraft.

The first steps toward replacement of conventional PCM front-end equipment and mini-
computer hardware began at EMBRAER's Flight Test Division in 1994. A complete
replacement will be possible in 1999 due to the development effort covered by this paper.

NEED FOR MIGRATION

After nearly a decade of service life, all the mini-computers that assisted the process of
converting PCM-data into consumable engineering data became a management problem
because of their relatively high maintenance costs. In early 1990's there was no really cost
effective replacement for all existing Ground Station specialized equipment that acquired,
processed and recorded PCM-data in real-time, particularly if all the necessary software
development was considered. But industry moved fast, and soon powerful PC-computers
and compatible PCM hardware became available at affordable prices.

In a few words, the first need for migration came from the fact that maintaining mini-
computers became a quite visible cost item. The second came from users now accustomed
to desktop applications supported by Microsoft Windows. The third came from Ground
Station operators concerned about their ability in servicing old PCM hardware in the
future.



From management's point-of-view, the major goals financing the migration from a mini-
computer based Ground Station were:

• to reduce maintenance costs (by replacing mini-computer hardware).
• to increase flight test productivity (by improving software tools).
• to improve operational safety (by replacing unsupported PCM hardware)

 

 ROAD MAP TO MIGRATION
 

 Past experiences with after-sale support (one must remember that being located in Brazil,
EMBRAER poses a natural logistics problem to suppliers when it comes to on-site
activities) recommended a very careful selection of hardware and software suppliers. A
poor choice could jeopardize the migration effort either by affecting negatively the
performance, or by putting at risk the longevity of the new architecture. Quality of
hardware and software documentation and the availability of source code were key items
in this selection process.
 

 After selecting the key hardware and software suppliers, a few development steps were
defined:
 

• development of a DOS diagnostic tool for understanding and exercising the PC-
compatible PCM hardware functions.

• development of a Windows VxD and a single-thread Win32 application for Windows
95 for acquiring, recording and transferring raw PCM data in real-time.

• development of a new Win32 application for displaying live telemetry data.
• development of a complete system for acquiring, processing, recording and broadcasting

of PCM data converted into consumable engineering floating-point data in real-time
under Windows NT.

 

 These steps represented parts of a learning process and were required because of the initial
level of experience with PC architecture and Microsoft Windows environment. They will
be reviewed in the next paragraphs.
 

 DOS DEVELOPMENT
 

 The original VMS application for acquisition and recording of raw PCM data ran on
Digital's early VAX computers (11/750, 8200, MicroVAX II), because in the past it was
easy to integrate Decom boxes and UNIBUS or Q-bus DMA interfaces. Major parts of
this application were written by a consulting company in VAX FORTRAN with a few
parts -- disk I/O routines and the DMA Device Driver -- in VAX Assembly language.
 



 The first PC-compatible PCM hardware tested was a full-size ISA card with
Decommutator, Simulator, and IRIG Time Reader circuitry hosting a daughter card with
Bit Synchronizer circuitry. The first application to talk to the ISA card was a DOS
application written and debugged, including the interrupt service routine that handled
Decom hardware interrupts, using Borland's C compiler and Turbo-Debugger. The ISA
card did not have any embedded DMA support, so decommutated data was "massaged"
directly from its local memory into application buffers. All data manipulation algorithms
and register loading routines necessary to the next development step were tested in this
environment.

 WINDOWS 95 DEVELOPMENT
 

 The basic design goal for this development step was to successfully share memory buffers
and provide event notification between a Windows Virtual Device Driver (VxD) and a
single-thread Win32 application under Microsoft Windows 95.
 

 The VxD was developed quickly with the help of a driver skeleton generator tool that
provided most "wrapping" for user specified driver functions. Many driver functions were
imported from the DOS application, including the code inside the DOS interrupt service
routine. The mechanism used for signaling a buffer completion event to the single-thread
application was very primitive: the VxD interrupt service routine called
Call_Global_Event() passing the address of a function that ultimately called a
PostMessage()-like service, which in turn sent a message to the main window of the
single-thread application. The VxD and the Win32 application shared memory space, so
all buffers containing decommutated data were ready when the message was processed by
the single-thread application main message loop. All this activity was monitored using the
Intel instruction rdtsc that reads the clock-tick counter register of Pentium processors. The
time spent by the VxD inside the interrupt service routine was very stable and never
exceeded 2 milliseconds for filling a 16 kbytes user buffer on a Pentium 133MHz servicing
10 interrupts per second. Other measured time intervals depended greatly on GUI activity
and exposed the fragility of this initial design.
 

 The other goal was to record locally and to transfer decommutated data to a VAX
computer for further processing as fast as possible. A DMA channel from the PC to the
VAX was out of the question, so the Ethernet network interface was the second obvious
choice for "fast" data transfer. With the lack of Windows 95 support for DECNET's
transparent task-to-task communication, TCP/IP socket implementation was the only other
alternative. TCP/IP stack support turned out to be a problem under Windows 95:
Winsock.dll needed to be "patched" twice and performed poorly under many
circumstances. The single-thread design and the choice made for event notification
between the VxD and the Win32 application pushed the use of CAsyncSocket::, the class
that handles socket readiness through the Windows messaging mechanism. The use of



asynchronous socket routines also reflected negatively in the overall performance of the
single-thread application.
 

 The VMS socket counterpart of the single-thread Win32 application was written in DEC-C
and made use of all known tricks to avoiding VMS'es Record Management Services
(RMS) for recording received data to disk. A second existing VMS application took the
recorded data and processed it into consumable engineering floating-point data, just like it
did with data recorded using the old VAX system connected to box-like PCM hardware.
 

 These Windows and VMS applications working together put an end to a 15-year service
life of a VAX 11/750.

 

 WINDOWS-BASED TELEMETRY DATA DISPLAYS
 

 This development step took advantage of a Win16 prototype developed in 1995 to support
the initial phases of EMBRAER's ERJ-145 regional jet flight test program. This Win16
application took telemetry data transmitted over the local area network in a single
broadcast UDP frame transmitted 5 times per second by an application running in a
MicroVAX II. The application took engineering data from a proprietary PCM multi-
processor system over a Q-bus DMA interface. Telemetry data was presented in different
graphic objects, such as needle meters, bar graphs and scrolling graphs.
 

 Besides providing visual monitoring of test measurements, the Win16 application also
helped engineers validate complex flight test routines through the use of an embedded
Dynamic Data Exchange (DDE) support. With DDE engineers could "link" complex
spreadsheet applications to a DDE data source that was actually retrieving live processed
telemetry data from the network link.
 

 The Win16 application had a few limitations (for instance, it was initially designed to be a
Single Document Interface application) but helped validate the "producer-consumer"
model. This model consists of a server capable of acquiring, processing, recording and
broadcasting ("producing") consumable engineering floating point data from raw PCM
data, and by one or more clients capable of receiving, formatting, displaying and re-
processing ("consuming") the data.
 

 The design goal of this development step was to accommodate requirements for a longer
operational life, so it was decided that the Windows "consumer" application would be
enhanced to support:
 

• the Win32 interface.
• interactive definition of graphic objects.



• two-way DDE communication with spreadsheet applications.
• integration of an interface to Flight Test Division's "Electronic Flight Card" to assist

flight test engineer's on-board validation and storage of test point results.
 

 The last enhancement was particularly important. Using the "Electronic Flight Card"
engineers could generate and store in a database several flight test plans in advance.
Integrated in the Windows data display software the "Electronic Flight Card" would make
visualization an accessory available to engineers conducting flight tests. To be able to
monitor flight test data it would be also necessary to bring PCM data processing on board
the test aircraft, adding new requirements to the last development step, the Windows NT
PCM data processing server.
 

 The new Windows test data Display software was developed before the Windows NT
PCM data processing server. When the application became operational in time for the first
flight of EMBRAER's new ERJ-135 regional jet in July 4th, 1998 it was limited to ground
use. For the first and subsequent flights of the ERJ-135, the scheme for broadcasting live
telemetry data through the old MicroVAX II system had to be revived.
 

 The current form of the new Windows interface has menu and tool bars. Through the menu
bar, the flight test engineer selects a previously stored flight test plan, selects a test point,
chooses graphic objects and selects measurements to be displayed, gives this "screen set"
a name and stores it away in the database. During the test flight the selection of any test
point brings up the associated "screen set" and activates the tool bar. Using the available
tools the engineer can "snap-shot" or continuously store time-stamped records with data
values in ASCII format for immediate use after flight, store text comments, recalculate CG
path, etc.
 

 WINDOWS NT DEVELOPMENT
 

 The last development step started in July 1998, some 18 months after the first PCM ISA
card installation. Telemetry product industry had moved fast and complete hardware and
software solutions for the Windows NT platform were available since 1996. The existence
of a functionally equivalent PCI version with embedded DMA support of the ISA card, a
NT Kernel Mode Device Driver and an associated API saved a lot of development effort
and solved a few problems:
 

• the fear of not being able to sustain raw PCM data processing at higher bit rates because
the lack of DMA support for the ISA card disappeared.

• the uncertainty of how much time would it take to develop and debug a Windows NT
DMA Kernel Mode Driver was eliminated.

• the need to rewrite the ISA card programming API disappeared.



 The architecture of the new Windows NT PCM data processing server had to consider
several pre-existing conditions, the most restrictive of all being the way information for
processing a raw data value into an engineering data value was structured and stored:
 

• all calibration and instrumentation information was stored in a hierarchical database
formed by a collection of VMS (RMS) indexed files. This database contained
information for all test flights since 1989 and was the base of all Ground Station
operations to date.

• operators had programming knowledge of database structures and had developed
several productivity tools to support the daily routine.

• no one was willing to give up the way raw data was processed, that is, by stacking up
small incremental routines designed to perform atomic operations such as data format
conversion, linear interpolation, polynomial evaluation, stack manipulation, conditional
branching, etc.

• the amount of time to design and develop a new database and new man-machine
interfaces was incompatible with the flight test engineer's desire of operating the new
Windows data display software on board test aircrafts as soon as possible.

 

 To cope with time constraints it was necessary to: a) provide a software tool to scan the
RMS database and build sequential binary tables to be used for data processing on the NT
server; b) spawn a work group that would redesign and relocate the database under a
network accessible database server for future integration.
 

 The design goals for the Windows NT PCM data processing server were:
 

• to support the existing raw data processing scheme based on small incremental routines.
• to support the existing network data frame formats for broadcasting live test data (not

limited to telemetry data anymore, since the NT server was now required to go on
board).

• to support the existing disk file format in raw data recording.
• to support the existing disk file format in engineering data recording.
• to be able to process and record at least 80.000 PCM words per second.
• to support simultaneous operation of the Windows data display software in the same

computer for the on-board operation.

A system like that would fit nicely either on ground or on-board and would remove all the
old hardware from active duty. The imponderable cost was how much would it take to get
confidence in a new operating system environment.

The following paragraphs list some of the lessons learned in the development process of
the Windows NT data processing server.



Learning About Windows NT I/O

Windows NT I/O may be a bit disappointing to one accustomed to VMS I/O support.

The original DMA driver used in the VAX system for transferring data from box-like PCM
equipment required one (and only one!) $QIO system service call in the application for
setting up transfer size, receive buffer start addresses and I/O completion event flags,
typically one flag per each allocated buffer. The application then hanged on a $WFLOR
system service call until a flag was set by the driver post-processing routine signaling the
completion of a data transfer. The wait state being satisfied the application had to clear the
flag, do some buffer processing, hang on the $WFLOR call again and repeat this cycle
indefinitely until some "operator-abort" command.

Windows NT I/O depends typically on ReadFile() and WaitFor|Single|Multiple|Objects()
service routines. A typical application should allocate n memory buffers and build an array
of n objects of class CEvent::, call ReadFile() service n times passing in each call a
pointer to one of the n buffers and the corresponding element of the CEvent:: object array,
then hang on a WaitForMultipleObjects() call passing the pointer of the CEvent:: object
array. The wait state being satisfied the application should "case" the returned value that, if
valid, represents the event number associated with the buffer just completed by the driver.
After buffer processing the application should reset the wait condition by calling
ResetEvent() and ReadFile() again using the same buffer and event object numbers, then
hang on WaitForMultipleObjects() once more.

DMA drivers in EMBRAER's Ground Station VAX systems doing PCM data acquisition
used only two buffers. With two buffers, flag 0 being set means "buffer 0 is ready", flag 1
means "buffer 1 is ready". A 0-1-0-1-0-1 flag sequence would indicate that the application
is consuming data in pace with the driver. Any 0-0 or 1-1 flag sequence would indicate
that the application is "running late" with respect to the driver and one buffer was just
overwritten. The need for more than two buffers can be justified if one expects I/O being
extraordinarily blocked once in a while by some other high-priority system activity. This
condition in a VAX computer would indicate that the operating system is reaching its
limits in terms of interrupt handling, from which it is not expected to recover unless
conditions change. Most Windows NT driver specialists recommend the use of multiple
buffers, although there is no official Microsoft recommendation. With multiple buffers the
"running late" condition is as easy to detect but trickier to reset under Windows NT.
Assuming that events would be signaled by its natural ascending order - if 10 events (and
buffers) are allocated, then the sequence 1-2-3-4-5-6-7-8-9-10 should be expected - the
"running late" condition would appear as a sequence like 1-2-3-4-6-5-7-8-9-10. To reset
the wait condition and restore the natural order of events upon receiving event 6 out of
sequence the application should call ResetEvent() and ReadFile() for buffers 5 and 6 and



discard the next loop pass through WaitForMultipleObjects(), which would necessary give
event 5.

Learning About Threads And Priorities

The single-thread Win32 application initially developed for PCM data acquisition used a
class of non-blocking sockets called CAsyncSocket:: for transmitting data to a VAX
system for further processing. KRUGLINSKI [1] proposed a different class of blocking
sockets called CBlockingSocket::.for use in threads that do not need a message processing
loop. These threads are called worker threads and are very appropriate for handling
synchronous I/O requests. Threads that need to communicate with an operator use
windows and have their own message loop are called user interface (UI) threads [2].
Blocking operations on a worker thread force the thread to be rescheduled, allowing other
threads such as an UI thread to run therefore keeping the application responsive to
operator commands.

Real-time processes usually do not communicate directly with an operator terminal. Under
VMS the typical mechanism was to share data (through Global Sections) and events
(through Common Event Flag Clusters) with another lower priority process that handled
operator inputs. The use of threads in Windows NT simplifies but does not eliminate the
need for a multi-process design simply because the only way of making a thread run in
real-time priority is to assign real-time priority to the process which contains all threads,
including the UI thread. Apparently, the only services available to change thread priorities
in the Win32 subsystem are SetPriorityClass(), which fixes the class base priority level,
and SetThreadPriority(), which fixes priorities within a class [3]. Therefore, a thread in
process with base priority 24 (Real Time) cannot have its priority lowered bellow 16
(Idle). This said, the only way to have a non-real-time priority UI thread controlling one or
more real-time worker threads is to have a separate process for each thread kind. This
seems too complicated when one remembers that under VMS all that was required was
ALTPRI privilege and a call to $SETPRI system service to raise or lower process priority
in or out of the real-time arena (priority 16 and above).

Learning About Windows NT Server Options

One of the features of the Windows NT data processing server is the ability of re-process
test data from a raw data file. Both input and output files in such operation are fairly large,
anything from 200 Mbytes to 1 Gbyte of disk space each. During raw data file re-
processing a significant performance difference was detected by switching options
Maximize Throughput for File Sharing (MTFS) and Maximize Throughput for Network
Applications (MTNA) for service Server under \Control Panel\Network. For operations
with large files the process was quicker if option MTNA was selected, and for smaller files



it was quicker if MTFS was selected. This behavior seems to be related to the way
Windows NT disk cache gives up memory back to the operating system: when MTFS is
selected the amount of memory available to applications tends to zero and is returned very
slowly to the system after a "file-close" operation; when MTNA is selected the amount of
memory tends to stay around 4 Mbytes and is returned very quickly to the system after a
"file-close" operation.

Blue Screen
The "blue screen" shown by Windows NT on a system crash has no equivalent on VMS,
neither in appearance nor in frequency. This is just another thing old VMS users need to
get used to...

PRACTICAL RESULTS

The Windows NT PCM data processing server became operational by November 1998.
After a few confidence tests on ground it flew with aircraft ERJ-135 serial number 2 on a
Pentium 200MHz MMX with 64 Mbytes of memory. The same computer could run the
Windows data display software and performed sufficiently well unless another resource
consuming application -- such as Microsoft Access -- was loaded during the test. All
floating-point data generated during the test flight was recorded on a removable hard-drive
and taken after the flight to a ground computer for post flight analysis. The system flew for
approximately 30 flights until February 1999 and then moved to aircraft prototype 801
where it is still on duty.

No extensive performance tests were formally conducted with the Pentium 200MHz MMX
system, but all processing times were monitored using the rdtsc Pentium instruction.
Average processing times for a 550 measurements scenario in a 15 frames x 133 words
major frame running at 20,000 words/second were 3.6 milliseconds per each major frame.
CPU usage during a typical operation (acquiring, recording raw and engineering data and
broadcasting UDP frames) was 6%. A raw data file re-processing operation was taking 5
minutes for 1.5 hours of flight using the same scenario. All this indicates that the required
mark of 80,000 samples per second processing capability shall be reached painlessly.

CONCLUSION

The new modus operandi introduced by the new architecture is saving hundreds of hours
and dollars on Ground Station operation, and has had a very positive impact on overall
flight test productivity:

a) flight test data is now "carried" out of the test aircraft and immediately made
available for post-flight analysis;



b) test point validation has been facilitated and is available to all engineers through the
"Electronic Flight Card" database;

c) mini-computer replacement will save approximately US$50,000 in maintenance
costs in the first year and US$30,000 in the second year of operation;

d) the PC-platform is easier and cheaper to expand, so new requirements can be
incorporated very quickly at lower costs;

e) engineers and operators are happy because they feel "at-home" with the Windows
interface.

PC's seem to be the obvious choice for hosting specialized systems such as PCM data
acquisition, but adopting the PC-platform does not necessarily imply in a brighter or safer
future:

• PC and PCM hardware compatibility will always be in danger (remember: the computer
industry does not care much about niche markets such as PCM real-time data
processing). Hope exists when one regards how flexible telemetry hardware
manufacturers became adapting themselves to constant changes made to PC-hardware
in the last few years.

 

• Systems developed for the PC-platform are not necessarily as cheap as the hardware it
sits on. Again, a small change in the computer industry may cause retirement of systems
with just a few hundred hours of operational life (remember EISA?) instantly throwing
away tens of thousands of dollars in investments.

The speed that changes in the industry affects an average computer user increases every
time and keeping up with this ever faster pace is a real challenge. Maybe somewhere in the
future stability and longevity will return as key system attributes. By then VAX and VMS
shall be greatly missed.
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ABSTRACT

The Telemetry Definition and Processing (TDAP II) application is a PC-based software
tool that meets the varied needs—both now and into the 21st century—of instrumentation
engineers, data analysts, test engineers, and project personnel in the Test and Evaluation
(T&E) community. TDAP II uses state-of-the-art commercial software technology that
includes a Microsoft Access 97 database and a Microsoft Visual Basic Graphical
User Interface (GUI) for users to view and navigate the database. Developed by the Test
and Analysis Division of the 96th Communications Group for the tenants of the Air
Armament Center (AAC), Eglin AFB Florida, TDAP II provides a centralized repository
for both aircraft and weapons instrumentation descriptions and telemetry EU conversion
calibrations. Operating in a client/server environment, TDAP II can be effectively used on
a small or large network as well as on both a classified or unclassified Intranet or Internet.
This paper describes the components and design of this application, along with its
operational flexibility and varied uses resulting from the chosen commercial software
technology.
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INTRODUCTION

The wide variety of developmental and operational open-air tests at Eglin AFB AAC
demanded the establishment of a standardized, parametric telemetry database at the start of
the 90’s decade. Diverse aircraft avionics and instrumentation systems—along with



munitions and weapons—drove the need for this data-reduction database for the 96CG and
the many distinct test organizations, project offices, contractors, and programs at Eglin
AFB. The dynamic nature of weapons development testing with varied aircraft also
justified the need for the development, operation, and maintenance of the original
Telemetry Definition and Processing (TDAP) application. Hosted on DEC VAXes, TDAP
was used by 96CG for all tenant Eglin organizations and customers, and after several years
of successful operation, joint T&E range customers also benefited from its use. TDAP
contains detailed PCM format attributes, PCM measurement attributes, and 1553 bus data
attributes to reduce telemetry and on-board recorded data for aircraft, instrumentation, and
weapon systems.

The latter part of the 90’s saw powerful PCs and networks that could process real-time
telemetry data and digital recorded data, consisting of more volume and complexity than
ever before. To meet this current and future 21st century challenge, TDAP also had to
evolve from a mini-computer application to a distributed PC network environment. Several
of the following factors drove this conversion: adaptability, availability, ease of use, low
cost, scalability, and security. To these ends, TDAP II was developed by 96CG to migrate
and convert TDAP to a PC platform and to add functionality as the Eglin test range
requirements also evolve. This paper presents how TDAP II addresses these key concepts
in a flexible, desktop client/server application.

DATABASE DESIGN AND COMPONENTS

The challenge of converting ASCII text-based files into a modern relational database lied
in the multitude of choices available and the scalability and distributed nature of the target
system. Since theses TDAP files occupy roughly 250 to 500 megabytes of disk storage
space, Microsoft Access 97 was chosen as the relational database to use in a PC
client/server environment. Access is a low cost, object-oriented application that is
available to practically anyone with a PC on their desk. It offers various levels of data
security and the TDAP files scale gracefully to Access databases, which in turn can scale
upward to larger, high-end databases such as Microsoft Sequel Server in a distributed
workstation environment, if necessary for future growth.

The text-based TDAP files are comprised of fixed-length records, where each record is a
parameter—be it a PCM word, an EU-converted measurement, a 1553 bus parameter, or a
discrete bit within a raw telemetry word. Each parameter contains fixed-length fields, or
telemetry attributes, that describe everything needed to convert the raw telemetry and/or
recorded data into meaningful quantities. A one-to-one correspondence exists between a
TDAP file and a test item instrumentation program, or load, where the TDAP file
describes the PCM map and calibrations needed to convert to EUs. Each weapons test
project at AAC can contain one instrumentation program for multiple aircraft, with minor



differences between all of the aircraft used for that particular project. Also, an aircraft can
be loaded with one of many instrumentation programs, depending on the project it is flying
for that mission. This flexibility and dynamics within the test aircraft and test items results
in a complex configuration of databases for telemetry data reduction and processing.

The components of the Access databases are shown in Figure 1. All of the databases
reside on the Windows NT workstation server and are controlled and maintained by the
TDAP database administrator. Separate project databases are created for each
instrumentation program and consist of the different aircraft and/or version tables
appropriate for that project. The ASCII TDAP files described above were basically
converted to these tables with the largest TDAP file containing less than 15k records. This
flexible design allows for expandability and scalability—a few databases can exist on a
small disk, while the maximum size of many project databases is only limited by the size
and number of server disks. At AAC, the disks are actually network disks in a storage
shelf and are available to PCs, UNIX workstations, and DEC Alpha workstations. Each
TDAP user’s client PC contains a client database, where instances of project tables are
temporarily copied to the client by the TDAP II application. Clients cannot change any
information from the project databases on the server, but can save tables for their own use.
The client database also contains links to the TDAP Utilities database, which resides on
the server and consists of PCM stream descriptions, current project databases and their
status, and other pertinent information.

Figure 1:     Database Client/Server Model
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DATABASE SECURITY

Microsoft Access provides the developer built-in, flexible security features for the
database objects. The three main reasons to use Microsoft Access security are:

• To protect the intellectual property of developers' code in Microsoft Access
applications.

• To prevent users from inadvertently breaking applications by changing code or
objects on which the application depends.

• To protect sensitive data in a database.
TDAP II uses both security models, the User-Level security and Share-Level security
models. In Share-Level security, the objects are assigned passwords, and anyone who
knows the password can access the object. TDAP II applies Share-Level security to the
Project (Loads) databases as shown in Figure 2. In User-Level security users are
authenticated when they start Microsoft Access by logging on with a password.
Administrators grant specific permissions, such as Read Data or Modify Design, to
specific users and groups on specific objects. Different users can have different
permissions on the same objects. TDAP II applies the User-Level security to the Utilities
database.

Figure 2:     Database Security Model

APPLICATION DESIGN

The design of the TDAP II application is based on the concepts of ease of use, ease of
management and administration, and maximum user flexibility. The users can access any
TDAP data available from the server data bases on their client PCs, but not change any
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data, except with a Change Request. This creates a central point of configuration control
for the TDAP administrator and facilitates database integrity. With an object-oriented GUI
using software component technology, ActiveX Controls, and open data access, the user
has vast capability to quickly and easily create displays, reports, exports, and subsets of
any TDAP information, as shown in Figure 3. The user can also choose to save and
manipulate data on their client PC in different forms to use in other applications. The GUI
was divided into two parts—TDAP Loads and Utilities—for simplicity and efficiency. All
TDAP Utilities can be displayed or printed from the tables linked to the Utilities database
on the server; and one TDAP load at a time is selected and copied from the pertinent
Project database on the server to the client database.

Figure 3:     TDAP II Application Design

Visual Basic 5.0 was chosen as the GUI programming language for several reasons. It is a
powerful development environment and one of the fastest, easiest to use, low cost, rapid
prototyping tool for GUI screen development. VB applications can make use of
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APPLICATION FEATURES

For the sake of simplicity a “Project,” as described in the earlier sections, is synonymous
with a “Data Acquisition Stream (DAS) load,” and is also synonymous with a “Program
load.” These terms are interchangeable and mean the same thing. The TDAP II Utility
Section is a window that contains three tabs and a menu bar consisting of eight menu
items. The DAS Program List tab is shown in Figure 4 and displays stream characteristics
for each Project database, while the DAS Program Status tab shows other information
about each Project such as security classification, availability, etc. The Work Request tab
contains internal information on the development of the DAS loads.

Figure 4:     Utilities

The PCM Stream menu item will display the PCM Stream Description window, shown in
Figure 5, when selected. All PCM stream characteristics are contained in this display
including telemetry wave form, main frame and sub frame structure, frame sync, SFID
information, rates, lengths, etc.

TDAP II uses Microsoft Access Reports to format and structure seven different hard-copy
layouts of TDAP attributes. These reports are similar to the displays in content and
functionality, but contain slightly different TDAP attributes. Each report can be sorted by
one of several and unique attributes within that report. When selected, the Report will be
automatically printed out on the local or network printer attached to the client PC. Figure
7 displays the content of the report, with each printed page consisting of date, time, TDAP
load, type of report, page number, security classification, and column headers (TDAP
attributes).



Figure 5:     PCM Stream Characteristics

Figure 6:     Display Formats



Figure 7:     TDAP Load Report

The Subset menu item is a very dynamic and flexible function for the user in that it extracts
groups (or subsets of parameters) from a selected TDAP load. Once the user selects the
parameters to extract, this subset can be acted upon by the other functions (or menu items)
on the menu bar. For example, a subset of 1553 bus parameters from one Mux bus could
be created and then displayed using one of the display formats. This function is very useful
for examining certain types of parameters, 1553 messages, or entire Mux busses. The
Restore Load menu item will restore the entire parameter set of the selected load.

TDAP II is part of an integrated suite of PC applications for robust telemetry data
processing at AAC, Eglin AFB. Part of that suite is the Common Airborne Processing
System (CAPS), which reduces and EU-converts raw telemetry and instrumentation data
streams, including PCM and 1553 data. The CAPS Dictionary menu item will create a
CAPS 2.0 dictionary, a comma-separated value (CSV) formatted file, from the selected
TDAP load. The data dictionary is needed by CAPS 2.0 to describe the details of the raw
input stream conversions to meaningful EU quantities.

The functions of the File menu item in Figure 8 illustrate some of the more powerful and
user-friendly features of TDAP II. The Print menu item will automatically format and send
any of the displays and/or subsets to a client PC printer. The Print to File menu item



formats and saves any display and/or subset to an ASCII file, which later can be printed,
edited, or imported into a Microsoft Office application. The Export menu item will export
the entire selected TDAP load to an ASCII file, which is backward compatible with the
older VAX VMS version of TDAP. The Help menu item is a fully integrated Windows
Help utility that was developed using RoboHELP.

Figure 8:     File Functions

FUTURE CAPABILITIES

The client/server environment for the current TDAP II application has certain advantages,
such as a built-in level of security. A user must have an account on the LAN in order to
use the application. One of the disadvantages is network traffic. If traffic is high, access
time to a load could be slow. One of the capabilities the PC provides is the ability to create
a stand-alone TDAP II application. The load databases could be stored on compact discs
(CDs) which would improve the retrieval time for data requests. The load databases that
reside on the CD could still have as much or as little security applied to the stored data as
required. Once a library of loads has been created, users could check out the loads they
want to work with for a session. The time it takes to access data on a self-contained
system compared to a client server application is noticeably improved.

With the release of Visual Basic 6.0 and ADO 2.x, the development of an Intranet or
Internet version of TDAP II using Microsoft's multi-tiered model is also an option.
Security is always a concern, and in a web-based application it would be a priority. The
ability to share information over the net would enhance the dissemination of information
among groups, in turn reducing the time needed for data analysis.



The current High Performance Computing (HPC) initiative at AAC includes modernization
and upgrades to the Central Control Facility (CCF) mission rooms and ground telemetry
stations. L-3 Com Loral 550s and Silicon Graphics Onyx engines are replacing older
telemetry systems and DEC VAX mini-computers. This obviously impacts the software,
databases, and telemetry setups needed to support current and future testing. The next
version of TDAP II will include interfaces to the HPC Loral systems via the Telemetry
Attributes Transfer Standard (TMATS). TDAP II version 2.0 is in the Design phase of
automatically creating TMATS files from the existing TDAP loads databases. These
TMATS files will then be used to create the Loral databases, thereby totally automating
the telemetry setup process.

CONCLUSION

TDAP II demonstrates the power of current and future commercial PC hardware and
software that is on the desktop. Because of the availability of this PC technology, TDAP II
has succeeded in its goal to provide a low-cost, easy-to-use, and scaleable front end
database and GUI for ground-station telemetry data reduction. Microsoft Access provides
an available, secure, and open database engine to migrate existing, text-based data from as
well as allowing for future expansion. Visual Basic is a powerful development
environment and one of the fastest, easiest to use, rapid prototyping tools for GUI
applications. These two widely available commercial software development products,
operating in a PC or heterogeneous client/server environment, allows TDAP II to be used
very effectively on a small or large network and in a classified or unclassified environment.
The development of an Intranet or Internet version of TDAP II using Microsoft’s multi-
tiered model in ADO 2.x and using new releases of Visual Basic and Access are future
capabilities of TDAP to meet the 21st century telemetry computing challenges.
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ABSTRACT

The trend of current data acquisition and recording systems is to capture multiple streams
of Pulse Code Modulation (PCM) data on a single media. The MARS II data recording
system manufactured by Datatape, the Asynchronous Realtime Multiplexer and Output
Reconstructor (ARMOR) systems manufactured by Calculex, Inc., and other systems on
the market today are examples of this technology. The quantity of data recorded by these
systems can be impressive, and can cause difficulties in post-test data processing in terms
of data storage and turn around time to the analyst.

This paper describes the system currently in use at the Strategic Systems Combined Test
Force B-1B division to simultaneously post-flight process up to twelve independent PCM
streams at twice real-time speeds. This system is entirely personal computer (PC) based
running the Window NT 4.0 operating system with an internal ISA bus PCM
decommutation card. Each PC is capable of receiving and processing one stream at a
time. Therefore, the core of the system is twelve PCs each with decommutation
capability. All PCs are connected via a fast ethernet network hub. The data processed by
this system is IRIG 106 Chapter 8 converted MIL-STD-1553B bus data and Chapter 4
Class I and II PCM data. All system operator inputs are via Distributed Component
Object Modeling (DCOM) provided by Microsoft Developers Studio, Versions 5.0 and
6.0, which allows control and status of multiple data processing PCs from one
workstation. All data processing software is written in-house using Visual C++ and
Visual Basic.

KEY WORDS
Telemetry processing, decommutation, personal computer, PCM, ISA Bus, PCI Bus,
Visual Basic, Visual C++.



INTRODUCTION

As Pulse Code Modulation (PCM) data acquisition systems gather more and more data,
in terms of the number of streams and the total bandwidth, the post-acquisition handling
of the data is becoming increasingly difficult and costly. Various manufacturers of
telemetry recording systems offer products that are capable of capturing many data
streams of various types onto a single magnetic media. These systems are venturing into
wider use in the telemetry data acquisition field. Once the multiple streams of data are
captured on the magnetic media, the post-acquisition data reduction process is usually
determined entirely by the user.

Early decisions by the user to determine the manner of post-test activity can impact costs
and data turn around time dramatically. If the user is able to handle only one or very few
data streams simultaneously, the data turn-around time to the user can be severely
impacted, which tends to extend the total life of a test effort. Also, up-front costs of
multiple decommutation units and VME based computer systems to handle many streams
of data simultaneously can be quite expensive.

In general, the post-acquisition processing of telemetry data, especially PCM data,
involves several steps. First, bit and frame synchronization or decommutation of the PCM
stream must be performed. Next, the digitized data is handed off to a computer for further
processing. Conversion to time-tagged engineering units data, usually in an ASCII
format, is performed by the computer via software applications developed directly in
relation to the structure of the incoming data. Finally, the time tagged data is analyzed via
comparison and/or integration with other data sets to determine the performance of the
system under test.

There is a vast array of equipment on the market today to do this work. Due to the high
input/output nature of telemetry data processing, most of this equipment has traditionally
been VME based, running on the UNIX or NOS operating systems. Many
decommutation units that can be integrated with VME computers systems are also
available in the market, but all of this equipment is very costly. In addition, upgrading
this equipment to take advantage of technological improvements can also be very costly,
if available at all.

VME based systems are not the only alternative today. Several manufacturers offer
telemetry data processing equipment for the Personal Computer. This equipment usually
comes as a PCI or ISA device or card, which mounts internally in the PC. Incoming PCM
data is decommutated, double buffered in memory locations on the card, and made
available to system processes. Typically, the equipment is supported by the Windows NT
operating system environment. A wide variety of software development packages are
available in Windows NT, and many of the manufacturers of telemetry equipment will



include useful software libraries, source code, and pre-compiled tools. Customization to
specific needs can be a relatively easy task. Most of the software libraries will be written
in C++ and can be modified using available developer studios. An experienced
programmer in these environments would have little difficulty creating custom
applications with graphical user interfaces, which can make day-to-day use
uncomplicated.

The 419th Flight Test Squadron (FLTS) B-1B offensive avionics engineering data
processing division at Edwards Air Force Base has developed a system comprised
entirely of PCs running Windows NT to acquire, process, and analyze flight test data.
This system is capable of simultaneously processing up to twelve individual PCM data
streams with command, control, and status from a single PC workstation. This paper will
describe the off-the-shelf hardware of the system, the software modules, and specific
techniques to optimize overall performance.

SYSTEM HARDWARE

The majority of B-1B data processing at the 419th FLTS is performed post-flight. With
minor exceptions, the test aircraft are not capable of real-time telemetry transmission
during flight. All flight test data are collected on-board the aircraft via conversion to
PCM formats suitable for telemetry transmission, and then recorded as multiple data
streams on a on-board digital tape system. The tape system multiplexes the many PCM
streams onto a single media. During post-flight processing, the recorded media output is
treated as multiple high-bit-rate telemetry streams that share a common timing signal.
Post-flight data processing begins with reconstruction of the PCM data signals, which are
then directed to processing computers via a patch panel. Each of the processing
computers receives a single incoming PCM data stream. In addition to the incoming data
connection, all the data processing and command/control computers are connected via a
high speed 100 MBs local area network. A functional diagram of the major components
of the data processing system is shown in Figure 1.

The tape playback system used at the 419th FLTS is an Ampex DCRsI 107
recorder/reproducer with output to a Calculex Asynchronous Realtime Multiplexer and
Output Reconstructor (ARMOR). The ARMOR reconstructs all the PCM streams as each
occurred on the test aircraft. Currently, the system in use at the 419th FLTS is capable of
real-time multiplexing up to sixteen separate PCM signals to one digital stream for
recording and reversing the process during playback. The B-1B test aircraft at the 419th

FLTS are using eleven of those available channels. Many other manufacturers systems
are capable of performing the same function, and for the purpose of this discussion, these
other record/reproduce systems are interchangeable. Each available output channel of the
ARMOR unit is connected to the data processing PCs via a patch panel, which provides
flexibility to direct any PCM stream to any data processing computer. The tape playback



Figure 1. System Major Components

system is capable of variable playback speeds from one-eighth real-time to four-times
real-time.

Each PCM stream is received by a data processing computer through an internal bit
synchronization and frame decommutation device. The 419th FLTS system uses an ISA
board manufactured by Data General Corporation and Acroamatics, Inc. Again, there are
a myriad of devices on the market today, all of varying amounts of capability. Each
individual user must decide which of these devices best suits his or her needs depending
on specific program requirements and available funding. The device mentioned above
delivers formatted data messages to a host computer via the ISA bus. The basic card
provides a PCM data formatter that accepts data and synchronization signals then sends a
major frame buffer to the host. A bit synchronizer option is available as a daughter card
when a data clock is not available. The major frame buffer is made available to the host
while a second major frame buffer is reloaded. The dual buffers thereby provide a
stationary major frame image to the host at all times. Frame synchronizer logic is housed
on the board. This logic provides frame and subframe decommutation for applications
where only clock and data are available. Word length, frame length, ID word, and sync
pattern descriptions are supplied from the host via the ISA bus. Both synchronous and
asynchronous embedded streams are extracted by host system software decommutation,
as this card does not support card-based data processing or filtering prior to host system
access to the data.

To make overall system administration easier, it is important to maintain the data
processing computers as closely to identical hardware and software standards as possible.
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This ensures the advantage of interchangeable parts for addressing failures. The 419th

FLTS system also houses the data processing computers in groups of four in standard
nineteen-inch racks. Each rack contains a single monitor, keyboard, and mouse with a
switching device for use during start-up, shutdown and administration of each computer.
Each rack also contains an uninterruptible power supply to guard against system failure
due to power source problems. Each computer uses a nine-Gigabyte SCSI hard drive on a
removable chassis, a floppy drive, a CDROM Reader/Recorder, 128 Mbytes system
RAM, and a 100-Mbyte Network Interface Card. High-speed dual CPU’s are also used. A
SCSI bus adapter is recommended to ensure high-speed data transfer to mass storage
devices, and adding any mass storage devices to the system is relatively simple. The
CDROM recorder is also useful in creating walk-away data products on the system. The
Windows NT 4.0 operating system is used on each computer. The status and control
computer does not need to be of the same caliber of the data processing computers.
However, this computer could also be used as a data processor, and if so, should be built
with the same recommendations as above.

SYSTEM SOFTWARE

Several software development efforts were required to bring this data processing system
to operational capability. The development effort was delineated between control and
status software and data processing applications. The goal of the control and status
software was to create a single, centralized graphical user interface to perform all the
related functions to initiate multiple data processing jobs on multiple computers over the
network. Also, information on the status and health of the many data processing
applications must be returned while the jobs are in progress. The motivation behind this
goal was to reduce the operator workload in setting up a data run, and to automate as
many functions as possible. The operator must be able to initiate all jobs from one
workstation as opposed to initiating them from as many workstations as there are jobs.
The data processing applications were also delineated between two groups.

The data processing system is required to support both preflight data check out functions
and post-flight data processing. The cost of flying a B-1B test aircraft demands that all
the data acquisition systems are performing optimally, therefore preflight system checks
are very important. Data must also be turned around to the analyst in a timely manner
after flight tests are performed. The data processing application input arguments and data
calibration information must also be passed from the status and control computer to the
processing computers.

All software development was performed using the Microsoft Developers Studio 6.0
Visual C/C++ and Visual Basic modules. This developer studio was chosen due to wide
industry use and extensive user documentation. The system data processing software was
written utilizing the Distributed Component Object Modeling (DCOM) concept of



Microsoft computing technologies. DCOM has evolved over many years from the
Windows clipboard, Object Linking and Embedding (OLE), Remote Procedure Calls
(RPC), and other concepts. These are message-passing services designed for use by
developers to incorporate data exchange facilities into their applications. As an example,
a user’s MS Word processing document might contain text, bitmaps, charts, etc. Without
the clipboard service, the user might have had to print both the Word document and the
Excel spreadsheet separately and then literally cut and paste them together using scissors
and glue. DCOM facilitates exchanging data among various applications on a single
platform, much like that of the clipboard service, and supports full computing distribution
across many platforms in a network. DCOM is actually a programming philosophy, and
not a set of library functions in the developer studio. The Windows NT operating system
manages almost all the data exchange and message servicing as long as the programmer
follows a set of well-defined rules.

Use of DCOM allowed the programmers to initiate any desired application on a remote
machine, pass to that remote machine all information required to set up the ISA
decommutation card, and pass required input arguments and calibration data to the data
processing or preflight applications. DCOM also made possible the return of information
from the remote machine to the initiating machine. Return information included status of
the data processing application, status of the ISA decommutation card, and preflight
instrumentation checkout information.

Microsoft terminology describes the control and status computer as the client and the data
processing computer as the server (or component). The Visual C++ data processing
object, or software application, must be registered on both the client and server. DCOM
classes, interfaces, proxy/stub marshalling code, and type libraries must all be registered
in the clients’ local registry in Windows NT 4.0 before a typical component can be
invoked. If the object is not registered locally, the control computer will not be able to
access information on the C++ object located remotely on the data processing computer.
When the client attempts to instantiate an object, DCOM checks the local registry first. In
a sense, locally registering the object essentially creates an image of that code in the local
registry. A block diagram of the major tenants of the data processing software is shown in
Figure 2.

One problem remains in Windows NT 4.0. If a new release version of the object is made,
it must be redistributed to all clients. Windows NT 5.0 promises to automatically
redistribute the object whenever changes are made.



Figure 2 Client Server Software Block Diagram

An instance of the Visual C++ object is created in the Visual Basic graphical interface
code. This instance allows transfer of information between the two applications.
Command, set-up, and status information is shared between the registered C++ objects on
both the control and processing machines. In order to process PCM data, the C++ object
must first setup the ISA decommutation card. This decommutation setup information is
passed from the controlling PC (the client) over the network to the processing PC (the
server). Once the server has established bit and frame synchronization, the object then
begins data capture via a launched data processing thread. This thread reads the digitized
data buffers from the decommutation card as each major frame becomes available,
performs processing dependent on input stream type and a filtering scheme, then writes
processed data to the system hard drive in a specific file format. As each of these
functions is active on the server, each process is monitored via status information
returned to the client.

Setup and status of the ISA decommutation card involves several steps. This process is
depicted by Figure 3. A graphical interface is provided to the user for entry of all bit and
frame synchronization information. After the user has entered needed information, the
Visual Basic code writes the information in the form of a text file to a specified location
on the server. This information can also be saved in a local text file for later retrieval. The
C++ object then reads the bit and frame synchronization information contained in the text
file and parses it to the decommutation card driver via function calls provided in the card
manufacturers’ dynamic link library (DLL). The decommutation card DLL is bound to
the decommutation card driver, which is responsible for loading the information to the
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Figure 3. Decommutation Card Setup and Status

card memory and starting data capture. Status to the C++ object is communicated from
the card via the driver and other DLL function calls. Status is relayed through the C++
objects on both machines and posted on a Visual Basic GUI.

After the decommutation card is loaded and begins operation, the C++ object launches
the data processing thread. Several different data processing threads have been developed
that correspond to the incoming stream type. The B-1B test aircraft instrumentation
output PCM data defined in the IRIG 106-93 Chapter 4, Class 1 and 2, and IRIG 106-93
Chapter 8 telemetry standards. The Chapter 4 Class 1 streams are relatively simple PCM
streams consisting of a single main frame or subcommutated data with bit rates in the less
than one Megahertz range. The Chapter 4 Class 2 PCM frames are more complicated and
consist of asynchronous embedded data in a large mainframe with bit rates greater than 1
Megahertz. The Chapter 8 PCM data contain up to four dual redundant MIL-STD-1553B
data busses encoded into the data stream as described in the telemetry standard, with a
minor exception in regards to the time tag words, with bit rates in the 2 to 3 Megahertz
range. The B-1B test aircraft at the 419th FLTS use three separate Chapter 8 data
acquisition systems recording a total of eleven MIL-STD-1553B data busses. Each
Chapter 8 unit functions as a bus monitor in total capture mode. The bus monitor bit rates
are varied depending on MIL-STD-1553B bus loading.

The Chapter 4 and Chapter 8 data processing methods are inherently different. Chapter 4
processing is synchronous by definition, even for the Class 2 streams once the embedded
frame is extracted. Chapter 4 data processing usually involves repetition, converting
frames of data to engineering units, and simple time tagging from either an embedded
time or from an independent IRIG signal.
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The Chapter 8 data processing is more difficult. Converting all of the MIL-STD-1553
data messages to engineering units would literally fill tens of gigabytes of on-line storage.
Since most analysts do not need all the messages transferred on a bus, the Chapter 8
processing usually employs a filtering scheme while time tagging the messages or
portions of messages with the time embedded in the Chapter 8 PCM stream. Note that the
time is not derived from an independent signal source.

Despite the differences in Chapter 4 and Chapter 8 PCM data processing, the 419th FLTS
processing philosophy attempts to standardize both input information and output file
format. A data catalog is generated for both types and used as input calibration
information to the data processing application. Output file formats are also the same for
both. The ISA decommutation card in use at the 419th FLTS has no capability to
distinguish between Chapter 4 and Chapter 8 PCM. As the card decommutates major
frames of data, full major frames are written to one of the double buffer memories, made
available to the host system processing via interrupt request, then the other buffer is
written. A continuous buffer counter is also made available to the processing application
via the vendor provided software development kit. Use of the buffer counter allows the
processing application to determine if any buffers are lost during processing.

The data catalog information for the Chapter 4 processing consist of fixed ASCII fields of
information. This information contains the frame/subframe location of data words of
interest, data type conversion information, data word length, frequency of capture,
parameter names in the output file headers, units of the output ASCII data, a brief
description, and a local identifier for use during data processing. This information is read
by the processing application and used to convert binary data to engineering units, among
other functions. Most of the Chapter 4 streams contain a series of time words with each
major frame. The format of the time words generally is not consistent between streams,
which must be accounted for in code. Depending upon the timing accuracy required by
the user, entire frames of data are given a single time stamp, or each data word within the
major frame is given an individual time stamp. Obviously, one time stamp for entire
frames of data will significantly cut down on overhead in the output file compared to
individual time tags. Again, once the specifics of a particular stream are known, the
processing for that stream is fairly repetitive.

The data catalog information for the Chapter 8 processing also consist of fixed ASCII
fields of information. Most of the information in the Chapter 8 catalog is identical to the
Chapter 4 catalogs with one major exception. The data location is not based on word
locations within the major frame, but instead tied to command words on the MIL-STD-
1553 bus. This is the major difference between the two data processing types, and reflects
the asynchronous nature of MIL-STD-1553 data processing. The Chapter 8 data catalog
defines which messages or portions of messages on a bus are to be captured by the
application software. Messages of interest, as defined by the data catalog, are captured,



time tagged, converted to engineering units, and written to output file. Each message, or
portion of a message, is written to individual output files with the catalog information
included as a header. Features have been added to the processing code to allow capture of
every occurrence of a message, on change, every other message, or by a user definable
rate of capture.

The 419th FLTS Chapter 8 processing application is a state machine that is triggered by
the Chapter 8 data tag, which is defined in the IRIG standard. The data processing code
performs different functions depending on whether the incoming data word is a command
word, a data word, a status word, a time word, etc. For example, if an incoming word in
the Chapter 8 stream is a command word, the data processing code will first determine if
that particular command word is on the list to be captured. If it is not, the code will
discard that command word, then wait for the next command word in the stream. If it is
flagged for capture, the application will gather and time tag the subsequent data words of
interest and write the information to the appropriate output file.

Of course, this is a very brief explanation of the data processing threads. A complete
explanation of this code is beyond the scope of this paper. This paper is intended to
provide a high level description of how data processing can be performed in a PC based
environment.

SYSTEM PERFORMANCE

Judgements regarding system performance are based solely on whether decommutation
card memory buffers are lost during processing. If the host system is unable to service an
interrupt request indicating a buffer swap, then that buffer will not be processed by the
host application and data will be lost. Buffer losses are tallied in real-time and relayed to
the client for display.

In the beginning of the programming effort, it was found that Windows NT 4.0 gave the
highest system priority to refreshing the video. Any movement of the mouse device or
any other input to the system heavily diverted system resources away from the data
processing application to servicing the input. The end result was unacceptable numbers of
data buffer losses. Since Windows NT tends to give the highest system priority to tasks
not related to real-time data processing, such as refreshing the monitor display, the data
processing application must request that the operating system raise the process and thread
priorities to a real-time level, the highest level in Windows NT. This in effect will out-
prioritize other tasks. When using this technique, the users may notice that a system
request via the mouse or keyboard will not be immediately serviced. Once the system
priority of the data processing application was raised to a sufficient level, buffer losses
were significantly reduced.



It was also found that the ISA decommutation card could generate interrupt service
requests at a maximum rate of 0.8 milliseconds. Therefore, for this particular card, if the
time required to decommutate one major frame of data was less than 0.8 milliseconds, the
ISA card could not deliver the data to the system application fast enough. Again, data
buffers were lost. This problem was overcome by simply capturing more than one
complete frame of data, i.e., multiples of major frames, to the ISA card memory buffer.

The most challenging data processing activity performed at the 419th FLTS is for the
Chapter 8 streams. As mentioned previously, these streams contain three to four busses
encoded to the Chapter 8 format at bit rates of two to three megahertz. One of the busses
in the Chapter 8 stream is highly loaded, while the remaining busses are medium to
lightly loaded. The data catalogs demand that approximately 500 to 700 MIL-STD-1553
messages are to be filtered from the PCM data stream, time tagged, and written to the
output file. Each of these messages contains an average of ten 16-bit data words. The
average refresh rate of these messages is on the order of ten hertz. These Chapter 8
streams are currently processed without buffer losses at twice real-time speeds, which
equates to incoming data rates twice previously stated. Processed data is written to the
SCSI hard drive on each processing computer at a rate of 5 Mbytes per minute. Once the
incoming data rate is boosted to four times real speed, buffer losses become
unacceptable, at approximately 15%. The buffer losses at four times real-time speed are
not due to the ISA card not keeping up with the incoming data rate, but in the data
processing application. At the four times real speed rate, buffers are not completely
processed by the data processing application before the next buffer available interrupt
request arrives.

Further increases in data throughput is under investigation at the time of this writing.
Increasing the efficiency of the data processing application could be achieved by multi-
threading the application. Two threads could be used, one to capture the data buffers from
the ISA card, and another to parse the data from the Chapter 8 input format to the final
processed data on the hard drive. Also, using a PCI based decommutation card would
greatly improve the interrupt request service rate. Using a card that is able to process or
selectively capture data before placing it on the output buffer is desirable. A feature of
this nature would share the processing load between the decommutation card and the host
processor. In the case of Chapter 8 data, if the decommutation card is able to strip the
filler words, sync words, and other overhead from the stream before transferring it to the
host the workload of the host processor would be significantly reduced.

Conclusion

Telemetry data processing on PC based systems is a viable alternative to traditional
methods. PC based systems are less expensive than VME based systems, and can be
easily upgraded by the user as technology advances. Advances in the personal computing



technology sector will continue to improve at a dramatic pace, and are driven by the
every day home computer user, not the telemetry data processing sector.

The ease of obtaining and configuring the PC based telemetry processing hardware is
counteracted by software development. In general, specific, user developed applications
must be built to process the incoming data streams. This can be time consuming and will
most likely be the most expensive part of developing a PC based capability. A potential
user of this technology should be a versatile C or C++ program developer. However,
today’s software development studios assist the developer in many ways. These
programming environments provide the programmer with a wide variety of powerful
tools, enabling efficient data processing applications.

The system in use at the 419th FLTS takes advantage of rapid parallel processing. This
technique is extremely powerful with respect to data processing throughput. Presently,
each data processing computer is capable of writing analysis ready information at a rate
of five megabytes per minute. Planned improvements to the processing applications will
at least double this rate. Therefore, ten data processing machines will be capable of
writing one hundred megabytes of information every minute. This limit will only
improve with hardware technology advances that are yet to come. Hardware upgrades
can easily be made in the future to improve the system. And lastly, the system is easily
expandable. All that is required is the purchase of a new data processing machine,
installing the data processing application, and installing the machine on the network.
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ABSTRACT

The Guided Weapons Evaluation Facility (GWEF) at Eglin Air Force Base is the Air
Force’s premiere munitions hardware-in-the-loop (HITL) simulation facility. HITL
simulation testing is a ground based tool used to evaluate the performance of a weapon
system at a fraction of the cost of free flight testing. The weapon system is stimulated in a
laboratory setting with the electromagnetic environment and physical motion it would
experience in an operational setting. The system’s responses to that environment are
measured to provide various measures of performance including target tracking ability
and miss distance.

Electrical interfaces are required in order to control the weapon’s guidance system and to
receive and inject signals from the HITL simulation computer system to the weapon
under test. These interfaces are usually developed using external control circuits and
copper cabling to the guidance unit. The GWEF had a requirement to develop a missile
interface with no external copper wires or antennas to support a unique test configuration.
The requirement led to the development of a Fiber Optic Telemetry (FOTM) package
which would be contained completely within the missile body cavity. The constraints on
the FOTM design were considerable. Lack of a suitable commercial off-the-shelf fiber
optic telemetry package led to the eventual in house design and fabrication of the FOTM.
This paper describes the requirements, design constraints and results achieved in the
FOTM design. Although not classical telemetry it does share similarities with
conventional telemetry units used for open air weapons testing including size constraints,
data rates and thermal considerations.
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INTRODUCTION

Hardware-in-the-Loop (HITL) simulation is a hybrid form of simulation which includes
key components of a system under test interacting in a virtual world. HITL simulation or
HITL testing is used for a variety of purposes including system performance evaluation,
regression testing, preflight testing, failure/anomaly analysis, and countermeasures
performance. The GWEF provides HITL testing for modern smart munitions systems.
Normally, the HITL test includes the seeker/sensor, signal processing electronics,
autopilot, gyroscopes or other angular motion sensors and the control actuator section
(canards and/or tail fins). The aerodynamics and any sensors which cannot be physically
stimulated such as linear accelerometers are modeled in a simulation computer. The
seeker section is normally mounted to a 3 axis flight motion simulator which physically
recreates the angular motion (pitch, yaw and roll) the weapon would experience in free
flight. This motion, as well as the angular motion between the seeker and the target,
known as Line of Sight (LOS) rate is important in determining the trajectory of the
weapon and the resulting effectiveness. The other weapon components such as autopilot
or actuator are not normally mounted on the FMS but a cable harness is used to
interconnect with these components located off of the FMS. A Hardware-in-the-Loop
Interface Adapter (HIA) is used to interface the weapon physical components to the
simulation computer to make the physical to virtual connection. The HIA transmits
weapon system signals such as steering commands and control surface orientation to the
simulation computer and injects simulated signals such as modeled accelerometer output
back into the guidance system.

In 1993 GWEF began conducting a series of HITL tests which required that the
simulation include the entire weapon body as a single component with minimal external
connection. This presented two technical challenges. First, the entire body had to be
physically mounted to the FMS which is typically designed to accommodate much
shorter items. The second challenge was that the only physical external connections could
not provide an EMI/EMC path into the weapon. This led to the development of the Fiber
Optic Telemetry (FOTM) package. A typical HITL block diagram which uses the fiber
optic telemetry interface is shown in Figure 1. This paper will outline the development of
the FOTM and the usage of the FOTM for HITL testing.

FOTM REQUIREMENTS

The initial series of tests involved an Infrared (IR) reticle type surface to air missile. The
FOTM would be required to fit in a 10 inch long 4 inch diameter section of the rocket
motor. In addition, to minimize EMI/EMC leakage points, a battery pack had to also fit
into the same section. The simulation normally requires that signals such as seeker
pointing angle, steering commands, actuator control commands and control surface
orientation from the missile electronics be transmitted to the simulation computer. These



are typically low bandwidth analog signals in the +/-28 volt range or less. Additionally, it
is necessary to inject signals for components which cannot be physically stimulated (such
as linear accelerometers) back into the missile electronics.
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Figure 1.  HITL Diagram Showing FOTM

To keep the interface to the laboratory instrumentation simple, the FOTM was required to
digitize the signal, transmit the digital signals over fiber and recreate the analog form on
the opposite end. The initial FOTM requirements were for a missile transmitter
(transmitted from the seeker to the simulation computer) with 16 analog channels, 12 bits
resolution and a missile receiver with 8 analog injection channels and 6 discrete injection
channels. The minimum required update rate was 20Khz per channel for the missile
receiver. The highest bandwidth seeker signals are typically in the 1 to 2 KHz range, so
the 20 KHz sample rate is well beyond the Nyquist criteria and causes minimal signal
distortion when recreated on the receiver end. Converting the signals back into analog
form on the receiver end might not be desirable from a simulation software perspective
but the analog format allows easy interfacing with existing lab test equipment such as
strip chart recorders, seeker interface control boxes and polar to rectilinear converters
used for determining seeker pointing angle.

An initial market survey of the commercially available F/O transceivers revealed that no
off the shelf designs were available which could meet the requirement primarily because
of the size constraint. The first FOTM had to fit in a 10 inch long 4 inch diameter
cylinder along with a battery pack capable of powering the seeker unit and FOTM for



several hours. Subsequent discussions with potential vendors led to the decision to
develop the FOTM in house primarily due to a tight schedule (less than 6 months lead
time was available).

FOTM 1 DESIGN

The first FOTM design used entirely discrete components. FOTM 1 consisted of ten
single layer boards, each of which was slightly less than 4 inches in diameter.

Although FOTM 1 was functional, its design had inherent problems and limitations. The
most challenging problem was elimination of noise caused by a combination of analog
signals passing through the digital boards. This allowed excessive coupling of noise on to
the analog lines. A second source of noise was attributed to relatively long traces
conducting the analog inputs to the first stage buffer/amplifier.

Reliability and maintainability of the first FOTM was also somewhat lacking. The design
had both digital and analog signals commingled on the board interconnections. Also, the
packaging allowed very limited capability to troubleshoot the boards. There were very
few test points available externally and the boards could not be easily tested when
separated. It was necessary to provide power to each single board and simulate a large
number of inputs to test individual boards. The analog to digital (A/D) converter used in
the first FOTM was a Datel HDAS 528. This A/D generated considerable heat requiring
heat sinking of the A/D directly to the aluminum bulkhead.

The data transmission format for the FOTM is shown in Figure 2. It allows for multiple
analog and discrete channels. In subsequent designs the number of bits allocated to the
channel assignment has been expanded to allow for more than 16 channels.

Figure 2.  Data Transmission Format

DATA Dis/Analog bit L/H Analog Data Channel Address Channel Address DB5 DB4 DB3 DB2 DB1 DB0

DISCRETE Dis/Analog bit L/H Discrete Data DB7 DB6 DB5 DB4 DB3 DB2 DB1 DB0

Dis/Analog bit = 0, Analog Data
                     = 1, Discrete Data

L/H Analog Data = 0, lower 6 bits of analog data
                         = 1, upper 6 bits of data

Channel Address = 0, lower 2 bits of analog address
                   = 1, upper 2 bits of analog address

L/H Discrete Data = 0, lower 8 bits of discrete
                           = 1, upper 8 bits of discrete



Standard fiber optic transmitter receiver (FOXI) chips were used for F/O transceivers in
FOTM 1. The FOTM uses 2 multi-mode 62.5 micron fibers. Although the multimode
fibers offer less bandwidth than single mode fibers, the transceiver chips are generally
lower cost and the fiber bandwidth is more than sufficient to support the data rates. The
multimode fibers can be easily interfaced with the GWEF’s extensive fiber optic network
which interconnects the various test areas within the facility and also provides an
interconnection to other test facilities on Eglin AFB.

SUBSEQUENT IMPROVEMENTS

Currently, five generations of FOTMs have been designed and built within the GWEF.
Each successive design has increased capabilities and improved the reliability and
maintainability of the system. Some of the more significant improvements are discussed
here.

The component count was dramatically reduced in FOTM 3 by the introduction of a
Programmable Logic Device (PLDs). The PLD is used to control encoding and decoding
of the data transmission, sequencing of the data to the channels and interface with the taxi
chips. The PLD utilized in the FOTM 3 design was an Altera EPG10PC-20 with 600
useable gates. The introduction of the PLD and subsequent reduction in component count
allowed a reduction in size to 2-½ inches diameter. FOTM 3 provided 8 analog outputs, 8
discrete inputs and 2 analog inputs.

A Motorola 68HC11 microprocessor was used in the receiver (computer) end to transmit
and receive discrete data and to transmit analog data to the missile unit on earlier
versions. The microprocessor used a serial channel to receive the signals and reconvert to
analog form. The receiver side does not have the size constraints and utilization of the
microprocessor was a less costly option than the PLD. The throughput on FOTM 3 was
50 kHz on the output signals and 30 kHz on the injected signals. Starting with FOTM 4,
the microprocessor was replaced with the Altera PLDs to simplify the overall design.

The PLD was changed to an Altera EPM7128STC100 in FOTM 5. The larger PLD
allowed elimination of spurious noise created by performance limitations of the older
PLD by providing faster speeds, more gates (2,500) and more I/O pins. These features
allowed control of more components with less external discrete devices resulting in the
ability to support 32 analog channels and 16 discretes.

The original A/D (Datel HDAS 528mm) generated excessive heat (>3 Watts) and cost
over $900. Subsequent designs utilized a CMOS A/D which produced significantly less
heat and cost less than $23. The Analog Devices 7891AP-1 provides 8 channels in a
single package and dissipates only about 85 mw making heat sinking less of a problem. It
also has a very versatile interface including both serial and parallel addressing options.



The ability to use bi-directional lines for data and addressing is used in the FOTM to
reduce the number of interconnections between the PLD and the A/D. This in turn
simplifies printed circuit board layout and allows reduction in size.

The power pack for the FOTM and missile is based on 1.2 volt Nickel Cadmium (NiCad)
battery packs. The batteries are packaged in multiple series of 5 to provide nominal 6 volt
power. The FOTM contains DC-DC converters which are used to provide conditioned
power to the seeker at +/-15 and +/- 28 volts. The original FOTM required changes to the
circuit designs on the FTOM boards to accommodate different power requirements for
the missile under test. Recent versions of the FOTM use a pigtail to allow selection of
power without internal changes to FOTM. This also has the advantage of allowing
ground reference changes. Some missile seekers require power supply and signals that
are not symmetric around ground. The ability to shift the ground reference allows these
requirements to be accommodated with fewer components. The NiCad batteries are
recharged during the simulation down time by connecting to a small port located on the
missile surface.

The printed circuit board design for the first FOTM was contracted out for about $35K.
Since this was one of the primary costs for the FTOM subsequent PCB designs were
accomplished in house. The multilayer PCBs are still fabricated externally at a cost of
around $4K for enough units to build 5 FOTM packages. The development cost of a
typical FOTM is around $50K including design, components and fabrication labor.

CURRENT DESIGN

The current FOTM design is shown in Figure 3. The physical layout consists of two 3 X
5 ½ inch motherboards lying back to back along the center core. Each motherboard will
accommodate multiple semicircular daughter boards creating two back-to-back half
cylinders. The input section has 2 daughter boards for digitization with 16 analog
channels each (32 channels total), 2 op amp boards providing signal conditioning and
scaling for 16 channels each and a single daughter board for the control circuitry
containing the PLD. The fiber optic transceivers are located on a separate board which
handles both the input and output sections. The two half cylinders are mounted in a 4
inch diameter aluminum frame which is then secured in the missile rocket motor section
along with 35 NiCad batteries.



Figure 3.  Current FOTM Design

BENNEFITS AND POTENTIAL USES

The use of the fiber optic telemetry package in the hardware-in-the-loop test provides
numerous benefits in addition to the primary goal of providing an interface which
minimizes potential of EMI/EMC paths into the missile under test. Achieving a good
reference ground and isolating the signals from noise for an item mounted on the flight
motion simulator has historically been difficult to achieve. This is in large part due to the
fact that the cabling normally passes through a slip ring assembly on the roll drive of the
FMS. It is also due to the relatively large number of wires and to the proximity of power
and signal lines entering the test item. The interface cables are often over 100 feet in
length which compounds the problem. The FOTM design eliminates the long copper
cables and provides high quality signal replication which is independent of cable length.
Also, the FOTM requires only 2 fibers for a relatively large number of signals. In fact the
fibers could easily handle considerably more than the current 32 channel capability at
much higher bandwidths. It is also possible to patch the fiber interface into the GWEF’s
internal fiber optic network which interconnects the different test areas. This provides the
capability to monitor signals remotely within the facility.

The next generation of the fiber optic telemetry package will support 32 analog output
channels at 12 bits resolution, 16 seeker input channels and 16 discretes in each direction.
The digitization rate will be 50 KHz. In addition, FOTM 6 will provide a relay pack
board for non-TTL compatible discretes. The new FOTM will have programmable scale
factors to facilitate interfacing with different seekers. This will be accomplished using
digital potentiometers controlled from the computer end of the FOTM. In addition, the
FOTM a self-calibration feature is being designed in for easy checkout of the FOTM.
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One improvement which would significantly advance the usage of the FOTM in the
HITL test environment would be the development of an off axis fiber optic slip ring
which could allow the use of the FOTM to test rolling airframe missiles and bombs.
Although fiber optic slip rings exist, they are typically on axis or they utilize fiber to
electric to fiber converters. Either of these two designs are not suitable for the HITL test
environment. The IR missiles require high pressure gas for cooling. In the HITL test
setup this gas is provided through a rotary gas joint located on the center axis of the roll
drive. This is not physically compatible with on-axis F/O rotary joints. GWEF plans to
sponsor a Small Business Innovative Research (SBIR) effort to try to develop a suitable
F/O rotary joint for the FMS application.

The GWEF has successfully utilized several generations of the FOTMs in the HITL
environment conducting over 40,000 simulation runs using the fiber optic interface. The
46th Test Wing is also expanding the use of the FOTM to include a 300-foot tower
designed to test guidance systems. Tower testing is another type of ground test which
often suffers from excessive noise on the signal lines interconnecting the tower levels.
The FOTM will be used to relay signals up and down the tower and to a nearby test site
where instrumentation vans will be located. This minimizes noise  and alleviates the need
for a common signal reference ground at the top and bottom of the tower.

CONCLUSIONS

The GWEF has demonstrated the utility of Fiber Optic based interfaces in a hardware in
the loop environment. The availability of a wide variety of electronic and fiber optic
components makes the in house design and fabrication of the FOTMs affordable and
practical. Additionally, the use of the fiber optic interfaces make it possible to test the
missile guidance systems in a configuration which minimizes external paths for RF
leakage. The FOTM design provides additional benefits of noise immunity, ground
de-referencing and wiring simplification. Future enhancements will provide additional
utilization for both hardware-in-the-loop and open-air applications.



DESIGN AND APPLICATION OF ANTENNA COUPLERS FOR
CERTIFICATION OF AIRBORNE INSTRUMENTATION

ANTENNAS

Scott R. Kujiraoka
Rick Davis

Naval Air Warfare Center Weapons Division
Point Mugu, California

ABSTRACT

Instrumentation antennas installed on missiles and airborne targets are required to be
tested and certified prior to flight. The antenna coupler is a means of certifying that the
antenna is in proper working condition prior to deployment, as damage to the antennas
may have occurred during transportation or installation. This coupler also provides a low
cost means to evaluate and monitor the antenna throughout the various stages of design
and assembly. These antennas can contain arrays for telemetry, beacon tracking, global
positioning systems and flight termination. A failure by any one of these arrays could
result in the loss of data or improper operation of the flight vehicle. Description of the
design and function of antenna couplers will be discussed.
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INTRODUCTION

In order to avoid the costly problems of lost data or an aborted flight, all airborne
programs have a requirement that their instrumentation antennas (e.g., flight termination,
telemetry and beacon tracking) be certified before flight. Damage may have occurred to
the antennas during handling prior to installation. The antenna coupler is a means of
accomplishing this certification. Although NAWCWD Point Mugu has designed antenna
couplers for several airborne platforms (e.g., STANDARD Missile, Harpoon/SLAM
missiles and QF-4 target drones) only the STANDARD Missile instrumentation antenna
couplers will be described in detail. In this paper, the design requirements, challenges and
implementation of that coupler will be discussed.



ANTENNA COUPLER DESIGN

Antenna Description

The item at right in Figure 1 shows a STANDARD Missile instrumentation antenna test
section mounted with a conformal, wraparound antenna. On the left is an antenna
coupler.

Figure 1: Antenna coupler (l.) & antenna test section (r.)

The STANDARD Missile antenna contains three arrays: An eight-element Omni-
directional telemetry array, a two-element directional telemetry array, and a two-element
beacon array. For the sake of simplicity, only the eight-element Omni-directional
telemetry array will be discussed. Since the antenna is constructed from a Teflon-based
material (RT/Duroid 5870), the possibility exists that the antenna may have been
damaged during handling prior to deployment in the Fleet. In order for the antenna to
wraparound the missile, the antenna material must be pliable, but is susceptible to
abrasions and puncture marks. Care must be taken to prevent the marks from affecting
the performance of the antenna. The antenna is powered by a five watt transmitter and it
is required that the test operator not be radiated by the antenna under test.



Coupler Design Requirements

Since the telemetry antenna is a wraparound with eight elements, a device had to be
designed to measure each of the eight elements. The device that satisfies this criteria is an
antenna coupler. Taking another look at the test section, there are several access ports that
had to be maintained. The coupler had to be designed around these access ports. Below is
a brief listing of some of the design specifications:

1) Fit over the instrumentation section and cover all antenna elements
2) Compatible with fully assembled missile round, including eight-inch high fins
3) Length not to exceed 13.48 inches
4) Maximum weight to be 50 lbs
5) Voltage range between 0.5 to 10.0 volts
6) Radiation leakage from coupler to be less than 10mW/cm2

Coupler Function

A STANDARD Missile Direct Current (DC) antenna coupler is a means for which an
automated test set can measure the power radiating from each antenna element; thus
determining if the antenna is functioning properly. It is called a DC coupler because it
converts the coupled Radio Frequency (RF) power received from the antenna element
into a DC voltage. Another requirement of the coupler is to prevent radiation leakage
from the Antenna Under Test (AUT). When installed on a missile section, each coupler
contains several antenna probes mounted above each antenna element. These probes are
used to couple the RF power radiated from the element. This power is converted to a DC
Voltage (with the use of a detector), which is later recorded by the automated test set. An
antenna coupler mounted onto a test section is shown in Figure 2.

Figure 2: Coupler mounted onto test section



Design Implementation

Electrical Design-

A probe was designed to couple the RF power from each antenna element. This can be
seen in Figure 3. Since the probe had to fit in a confined space inside the coupler, the size
of the probe is quite small. As a result, the amount of coupling as well as the bandwidth
suffered. Therefore, a microwave rod resistor was included in the probe as a solution.

Figure 3: Probe and Detector

The detector, used to convert the RF power into a DC voltage, is also shown in Figure 3.
These detectors had to withstand input power (up to 0.5 watts), output voltages (up to 10
volts), as well as fit into the given mechanical package. An additional design challenge
involved ensuring linear operation over a large range of input power so that no clipping
of the output voltage occurred. The use of a zero bias Schottky diode solved these design
concerns. Since the coupler is constructed of metal, microwave-absorbing material was
used to fill in the cavity between the coupler probes to prevent undesired cross coupling
and multipath of the radiated signal. The interior of the coupler is lined with a dielectric
shield that is electrically transparent, but provides a physical barrier to prevent damage to
the static-sensitive detectors.

Mechanical Design-

The coupler structure consists of two sets of forward and aft rings that were connected by
support columns. Each set of rings and support columns were grooved to house an outer
aluminum panel, an inner dielectric panel, and a gasket to protect the antenna from
damage while being mounted. The support columns formed four independent
compartments or cavities. The purpose of these compartments is to isolate the coupler
probes from any external metallic structure, and to reduce cross-talk from opposing

Detector

Probe



antenna elements. In order to install the coupler, it is positioned onto a locator pin at the
Top Flight Center (flight-up) of the antenna section and is opened and hinged at this point
until it is manually closed and secured. Since the fins are typically installed prior to a
certification test, a unique slider/cam/latch was designed to allow the coupler to hinge
about the locator pin and not interfere with the fins during installation. This was achieved
by sliding one-half of the coupler linearly and allowing two degrees of freedom in
rotation to occur until completely closed. The coupler was then pinned at the opposite
end, and using the slider/cam/latch grip bar, was closed into its final configuration and
secured with two quick-disconnect pins. Figure 5 demonstrates this coupler installed onto
an antenna section with mockup model test fins.

Figure 5: Coupler mounted onto section with mockup model fins



Test Setup

Figure 4 is a schematic diagram of the test setup to test and calibrate the couplers.

Figure 4: Schematic of Test Setup

A personal computer running LabView software controls the system. The coupler is
wrapped around the antenna section with the antenna already installed onto it. The
computer sets the first test frequency and power level on the synthesized source. A power
meter is used as feedback to the source to ensure that a constant power level is delivered
to the input of the AUT at each of the different test frequencies. The coupler then
performs several tasks. First, coupler antenna probes (see Figure 3) located above each of
the elements in the AUT couples the RF power. Next, a zero bias Schottky detector (also
in Figure 3) converts the RF power into a DC voltage. This voltage is sent via a wire to a
test jack or connector. The dashed line in Figure 4 represents the antenna coupler. A test
plug is attached to the coupler and is connected to a computer-controlled multiplexed
switch matrix. As the computer switches between each of the channels, the DC voltage is
read by the multimeter and recorded by the computer. This switching process continues



until all of the voltages from each of the antenna elements have been recorded. The
computer then sets the source to the second test frequency, the power is leveled and the
entire procedure is repeated until all test frequencies have been measured. Table 1 is a
sample of the calibration data for the eight-element Omni-directional antenna.

Omni Element Number

Freq. #1 #2 #3 #4 #5 #6 #7 #8
#1 2.32 V 1.65 V 2.33 V 2.35 V 2.71 V 1.76 V 2.35 V 1.86 V
#2 2.29 V 1.58 V 2.37 V 2.37 V 2.71 V 1.73 V 2.40 V 1.84 V
#3 2.28 V 1.54 V 2.39 V 2.39 V 2.67 V 1.70 V 2.43 V 1.84 V
#4 2.18 V 1.55 V 2.34 V 2.40 V 2.41 V 1.57 V 2.45 V 1.82 V
#5 2.11 V 1.61 V 2.18 V 2.32 V 2.23 V 1.57 V 2.41 V 1.77 V
#6 1.99 V 1.64 V 1.89 V 2.15 V 2.01 V 1.60 V 2.21 V 1.61 V
#7 1.94 V 1.65 V 1.75 V 2.08 V 1.94 V 1.62 V 2.08 V 1.50 V

Table 1: Sample calibration data

CONCLUSIONS

The design and operation of instrumentation antenna couplers as discussed in this paper
are not restricted to the STANDARD Missile Program. Other antenna couplers have been
designed for missile and target drone programs such as Harpoon/SLAM and QF-4. In
addition to certifying antennas, these couplers have aided in the development of antenna
programs as well as testing antennas without the need and expense of a test range.
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MINIATURE, SINGLE CHANNEL, MEMORY-BASED, HIGH-G
ACCELERATION RECORDER (MILLIPEN)

Tedd A. Rohwer
Sandia National Laboratories

ABSTRACT

The Instrumentation and Telemetry Departments at Sandia National Laboratories have
been instrumenting earth penetrators for over thirty years. Recorded acceleration data is
used to quantify penetrator performance. Penetrator testing has become more difficult as
desired impact velocities have increased. This results in the need for small-scale test
vehicles and miniature instrumentation. A miniature recorder will allow penetrator
diameters to significantly decrease, opening the window of testable parameters. Full-scale
test vehicles will also benefit from miniature recorders by using a less intrusive system to
instrument internal arming, fusing, and firing components. This single channel concept is
the latest design in an ongoing effort to miniaturize the size and reduce the power
requirement of acceleration instrumentation. A micro-controller/memory based system
provides the data acquisition, signal conditioning, power regulation, and data storage.
This architecture allows the recorder, including both sensor and electronics, to occupy a
volume of less than 1.5 cubic inches, draw less than 200mW of power, and record 15kHz
data up to 40,000 gs. This paper will describe the development and operation of this
miniature acceleration recorder.

Sandia is a multiprogram laboratory operated by Sandia Corporation, a Lockheed Martin
Company, for the United States Department of Energy under contract DE-AC04-
94Al85000."
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INTRODUCTION

Reducing the size of earth penetrator instrumentation has many advantages. Smaller and
lighter electronics will survive higher shock levels. A small, efficient design will require
less power, reducing the size of the necessary supply batteries and therefore improving
high shock survivability. This is very important as desired impact velocities and shock
levels continue to increase. As the impact velocities increase testing becomes very



difficult. The size and weight of the penetrator limits the exit velocity of the guns used
for testing earth penetrators. Smaller instrumentation allows for lighter, smaller-scale
penetrators, which makes testing at higher velocities possible. In addition, the required
target size decreases as the size of the penetrator decreases, which greatly reduces the test
cost. A miniature acceleration recorder will allow the non-intrusive instrumentation of
full-scale earth penetrators. Internal components and subassemblies could be
instrumented without modifying or removing any hardware. This is very important when
trying to determine component response to shock events.

MilliPen, a miniature acceleration recorder, reduces the size of high shock
instrumentation from the smallest existing package size of 11 cubic inches down to 1.5
cubic inches. The design of this system is built upon the success of previous acceleration
recorders developed at Sandia National Laboratories. The years of experience have led to
the knowledge of how to design and build instrumentation that will survive in the
toughest environments.

ELECTRONIC DESIGN

The MilliPen acceleration recorder is designed to digitize and record acceleration
transients during penetration events. This basic process includes a sensor, signal
conditioning, digitization, and data storage. A block diagram of MilliPen is shown in
Figure 1.
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Figure 1. MilliPen Block Diagram

The sensor chosen for this design is Endevco’s 7270A. It is a proven piezoresistive
accelerometer designed for shock measurements. Gain, offset, and filtering are included
in the signal conditioning electronics. The gain is set for the desired dynamic range of the
recorder. The offset is adjusted for the specific gauge being used to allow for the correct



input level to the A/D converter. A six pole bessel design is used for the anti-aliasing
filter. A non-volatile static RAM memory is used to store the data. An oscillator provides
the clock signal for the microcontroller. The microcontroller controls the recorder activity
including sample rate, digital event triggering, data interface, external interface, and
system diagnostics.

A voltage regulator conditions system power. A capacitor holds up the power through the
penetration event even if the external power supply becomes disconnected. Batteries or
any other remote source can supply the external power.

The microcontroller software is designed for the recorder to be armed before the test. The
recorder digitizes and stores the acceleration data in a circular memory buffer. The
microcontroller monitors the digital data and generates a trigger once an acceleration
event of the required amplitude is observed. After a trigger is generated the recorder
continues to write data to memory until the data window is full. The complete data
window stored is 65 ms pre-trigger and 195 ms post-trigger. Non-volatile memory
ensures that the data is stored, even during power failures. Table 1, 2, and 3 show the data
acquisition specifications, the power requirements, and the physical specifications.

Table 1. Data Acquisition Specifications

Sensor Endevco 7270A
Filter 6-pole Bessel
Data Bandwidth DC to 15 kHz
Sample Rate 62 kHz
Data Resolution 12 bits
Memory Capacity 16,384 samples
Data Capacity 260 ms  (65 ms pre, 195 ms post-trigger)

Table 2. Power Requirements

External Power Voltage 5 – 10 V
Operating Current 40 mA
Operating Power 200 mW

Table 3. Physical Specifications

Length 1.5 in
Diameter 1 in
Weight 0.2 lb
Housing Material 4340 Steel (heat treated)
Potting Material Hysol RE2039/HD3561



MECHANICAL DESIGN

The mechanical hardware is designed to include the accelerometer, electronics, and
interfacing connector in one housing. Previous mechanical designs for acceleration
recorders included more than one piece of hardware. This single piece design will
increase the survivability of the recorder during high shock events. The mechanical
design is shown in Figure 2.

Capacitor

Electronics

Accelerometer

Figure 2. MilliPen Acceleration Recorder

The housing is machined out of heat-treated 4340 steel. Standoffs are used to hold the
electronics in place during the potting process. The accelerometer is mounted according
to manufacturer specifications in a machined recess on the bottom surface of the housing.
An Acme thread is used to mount MilliPen into the desired test object. A threaded ring
secures the aft end of the recorder.

Mechanical stress/stain analysis was performed to determine the effects of high shock
levels on the mechanical design. The epoxy potting material proved to be the weakness of
the design. The analysis proved the design good to shock levels of 40,000 gs with a factor
of safety of approximately two.



TESTING

Testing for this new design is being planned. The design will first be tested in Sandia
National Laboratories shock lab for functionality and calibration verification to a level of
2,000 gs. The testing will then continue with Sandia’s gas guns to velocities of about
1000 feet per second and accelerations of about 15,000 gs. Future testing is anticipated
out of a powder gun to velocities above 4,000 feet per second and accelerations above
30,000 gs.

CONCLUSION

MilliPen is the next generation of high-g acceleration recorders designed and built at
Sandia National Laboratories. The years of experience in designing, building, and
fielding high shock instrumentation along with technical advances in the miniaturization
of electronics has lead to a design that will greatly increase the survivable shock
envelope. Testing to velocities and acceleration levels that previous recorder designs
would not survive will now be possible. This design will also allow the use of smaller-
scale penetrators making testing at high velocities much easier. Full-scale testing of earth
penetrators will also benefit from this design in the form of non-intrusive
instrumentation. A second version of MilliPen is already in the design stage. New
electrical components will allow the design to fit on a single circuit board. This will
reduce the volume to 1 cubic inch and further increase the survivable envelope.



AFFTC RADIOMETRIC ANALYSIS AND MEASUREMENT SYSTEM
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ABSTRACT

A broad class of Electro-Optical (E-O) sensors are continually being improved and/or
developed for aircraft to assist in performance of such tasks as surveillance, target
acquisition, target designation, and weapons delivery. These E-O sensors possess a variety
of Electro-Optical links that encompass the spectral region of 0.4 to 14 micrometers. The
Radiometric Lab at Edwards Air Force base is tasked to provide instrumentation support
for projects that develop, test, and evaluate ground and airborne E-O systems/sensors.

The heart of the labs support capability is the Radiometric Analysis and Measurement
System (RAMS) and is contained within an all-terrain van. A variety of sub-systems exist
within the van to meet support requirements. These include an 8 to 12 micron infrared (IR)
imaging system, 4 to 14 micron spectral radiometer, 380 to 1068 nanometer spectral
radiometer, 400 to 1800 nanometer imaging camera, 1.064 nd:YAG laser, off-axis
collimator with IR and visible light sources, and a weather station.

This paper describes the system, its capabilities and limitations, and its application in
aircraft sensor evaluation.
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INTRODUCTION

A broad class of Electro-Optical (E-O) sensors are continually being improved and/or
developed for aircraft to assist in performance of such tasks as surveillance, target
acquisition, target designation, and weapons delivery. These E-O sensors possess a variety
of Electro-Optical links that encompass the spectral region of 0.4 to 14 micrometers.

The electromagnetic spectrum is divided into wavelength regions, called “bands”,
distinguished by the methods utilized to produce and detect the radiation. See figure 1.
There is no fundamental difference between radiation emitted in the different bands of the



spectrum. The same basic laws of physics govern the radiation emitted in all bands with
the only difference being that of wavelength.

The area of interest is the spectral region from 0.4 to 14 micrometers. Most aircraft E-O
sensors operate within this region which is divided into four bands. They consist of the
visible (0.4 to 0.75 micrometers), near infrared (0.75 to 3.0 micrometers), middle infrared
(3.0 to 6.0 micrometers), and far infrared (6.0 to 15 micrometers). The usable portions of
these bands are constrained by atmospheric transmission windows as shown in figure 2.
These windows limit sensor effectiveness to specific wavelengths within the bands.

Figure 1. Electromagnetic Spectrum

Figure 2.  Atmospheric Transmission Windows



Aircraft E-O sensors typically include Forward Looking Infrared (FLIR) systems,
surveillance cameras, night vision goggles, and laser designator systems. Each of these
systems operates within one or more of the four bands described above. As these systems
are improved or new systems are developed, their performance needs to be established in
the context of a complete aircraft system. To realistically measure this performance, in-
flight evaluations are required to account for internal and external environmental factors.
Internal environmental factors include parameters such as aircraft motion, vibration, and
pilot workload. External factors include atmospheric conditions, terrain and radiation
sources. In-flight evaluation techniques provide methods to quantify the performance of
sensor systems in a repeatable fashion so the relative performance of various systems can
be compared.

The Radiometric Lab at Edwards Air Force base is tasked to provide instrumentation
support for projects that develop, test, and evaluate ground and airborne E-O
systems/sensors. The goals of this instrumentation support are to account for and quantify
the external environmental factors. These include determination of atmospheric
transparency, target emissivity or reflectivity, and the amount of radiation present. To
accomplish this task the Radiometric Lab has assembled a measurement system contained
in an all terrain van. This paper describes this system and its application to aircraft sensor
evaluation.

SYSTEMS DESCRIPTION

The heart of the Radiometric Labs
support capability is the Radiometric
Analysis and Measurement System
(RAMS) which is contained in an all-
terrain van. A variety of sub-systems
exist within the van to meet support
requirements. These include a far
infrared imaging system, a visible and
near infrared imaging system, a
middle and far infrared spectral
radiometer, a visible and near infrared
spectral radiometer, 1.064 micrometer
nd:YAG laser, off-axis collimator with
IR and visible light sources, and a
weather station. Figure 3 shows this
van deployed with some of its
measurement sensors.

Figure 3. Van deployed in the field.



Time and Weather Data Processing Sub-System

A central component of RAMS is the Time and Weather Data Processing Sub-system
(TWDPS) which has a two-fold purpose. First, and most important, this sub-system
provides authoritative timing distribution (referenced to UTC to better than 1 microsecond)
for the overall system. The processing unit contains a Global Positioning System (GPS)
card that provides the reference for timing as well as positioning data. IRIG-B time code is
output from this card to system components that can read IRIG time. In addition, the
processing unit reads the time from the card and broadcasts it to any processes in the
system that requests it. The broadcast requests can be for 1, 10, 20, and 60 updates per
second and can originate from the local machine or a remote processor via an Ethernet
network segment. System usage of this feature is for event synchronization and time
correlation.

The other purpose of the TWDPS is to collect, display, and record data from weather
sensors. Sensor data currently supported is wind speed and direction, air temperature,
relative humidity, and barometric pressure. The data is displayed for field use and recorded
along with GPS time and position. This is accomplished at an interval of once per second.
Weather data is typically used as source data when calculating atmospheric absorption and
extinction coefficients.

Far Infrared Imaging System

The IR imaging system consists of a calibrated AGA Thermovision camera covering the
electromagnetic spectrum from 8 to 12 microns. A set of interchangeable lenses providing
20°, 7°, and 3.5° fields of view allows the system to be deployed to the field under a
variety of setup distances from the target.

Images from the camera are digitized and sent to a computer system. Here the image data
is merged with calibration coefficients, time tagged, and displayed with quick look data
and/or recorded for in-depth analysis performed at a later time.

The system is typically used in support of flight tests that are evaluating an aircraft’s IR
sensor detection or resolution parameters.

Visible and Near Infrared Imaging System

This sub-system has at its core, a vidicon-tube imaging camera. This camera is sensitive to
the spectral range of 0.4 micrometers to 1.8 micrometers. Used in conjunction with a set of
interchangeable interference filters, its spectral sensitivity can be constrained to a specified
band-pass within this range. Its principal purpose is to visualize laser radiation being



reflected off a target. Interference filters currently available allow the study of the 1.064-
micrometer combat laser designator, the 1.54-micrometer eye-safe laser designator, and
the 0.85-micrometer marking laser.

Video from the camera is sent to an encoder where IRIG timing is edge encoded in a
standard format as specified in OSG-452-86. The encoded video is then recorded in a Hi-8
format for later retrieval and analysis.

Middle and Far Infrared Spectral Radiometer

The van contains an IR scanning spectral radiometer sensitive to radiation from 4 to 14
microns in the electromagnetic spectrum. Its functional flexibility allows it to be used as a
research radiometer, spectral radiometer, atmospheric transmissometer receiver, sky
terrain scanner, and reflectometer. It is capable of being tailored to different application
areas and to operating environments in laboratory, plant, and field. This system can detect
and analyze the spectral radiance/irradiance or radiant intensity of any object from a
distance of several kilometers.

Visible and Near Infrared Spectral Radiometer

This instrument is a fast scanning spectral radiometer designed for spectral analysis,
luminance or photometric brightness, and color measurement. It acquires the spectrum of
optical radiation from 380 nanometers to 1,068 nanometers simultaneously. This permits
accurate analysis of color and intensity of both steady-state (power) and pulsed (energy)
light sources.

The radiometer head is interfaced to a computer where measurement data is stored and
analyzed. Data features include radiance calculations, radiometric transmittance and
reflectance, correlated color temperatures, color and hue differences, tristimulus values,
and chromaticity coordinates.

Off-Axis Collimator

The off-axis collimator is an optical system designed to calibrate and test Electro-optical
instruments and systems that receive radiation from both near and distant targets. It
consists of a lightweight, cast aluminum tube, which contains the system optics mounted
on a universal mounting plate. This system employs a plane reflective mirror and a 4.8-
inch diameter off-axis paraboloidal mirror. The system focal length is 25.6 inches and has
a f/number of 5.3. The mirrors are treated with an aluminum and silicon monoxide
overcoat. Although it is primarily intended to collimate infrared energy, the system
performs well in the visible and ultraviolet regions of the spectrum.



The system also contains an entrance aperture wheel located to one side positioned
perpendicular to the optical axis. This wheel has seven openings graduated in area to
permit changes of up to 1000-to-1 in input flux density.

The unit operates with either an infrared blackbody radiation source or a tungsten light
source. The primary use of this instrument is in conjunction with the 4-to-14 micron
spectral radiometer to perform atmospheric transmissivity measurements.

APPLICATION IN AIRCRAFT SENSOR EVALUATION

E-O sensors are utilized in aircraft systems to perform surveillance, target acquisition,
target designation, and weapons delivery. As these systems are improved, their
performance needs to be established in the context of a complete aircraft system. A
number of in-flight evaluation techniques are used to quantify the performance of various
aircraft systems.

In-Flight Resolution

This test is an adaptation of the methods used in the laboratory to evaluate the resolution
of an optical system. Its goal is to define the smallest element-to-element contrast
difference between elements in a standard periodic test pattern for which the pattern is
observable. Figure 4 illustrates the standard periodic test pattern. This pattern contains a
series of sets of lines or bars at progressively smaller spacing. The bar set that can be
discerned clearly at a specified distance defines what the optical system is capable of
resolving.

When the spectral band of interest is the far
infrared band, the evaluation technique utilizes a
single resolution target bar pattern. At Edwards,
an IR target board exists on the Precision Impact
Range that yield’s a 4-bar pattern. Each bar has
the dimensions of 4-feet wide and 30-feet high
with 4-foot spacing between the bars. The target
spatial frequency (Fs) is determined from the
relation:

Fs = R/2bw * (0.001) cycles/mr

where Fs = The target spatial frequency in cycles/mr.
R = The aircraft to IR target range in feet.
Bw = the IR target bar width. Figure 4  Resolution Test Pattern



The remaining variable (range in feet) is determined when the aircraft observer resolves
the bar pattern. This is derived from a trajectory information source such as a radar track
or GPS/INS system.

The spatial frequency is plotted against the temperature contrast of the target. During the
flight test, the temperature is monitored and recorded by the infrared imaging system
within the RAMS van as well as weather data. The weather data is input to a computer
model along with resolution range data to derive atmospheric transmissivity for the
spectral range of interest. The mean temperature differential between the heated bar
pattern and unheated area around the bars is adjusted by the atmospheric transmission
factor to generate a plot of spatial frequency verses corrected temperature differential, also
referred to as the Minimum Resolvable Temperature (MRT) plot. This plot defines the
resolution of the system and serves as baseline data when comparing different systems,
measuring system improvements, and for evaluating other system performance factors that
involve acquisition and recognition.

This same methodology can be applied to any part of the spectrum, however, when the
characteristics of the radiation is reflected instead of direct, then an adjustment to
measurement criteria and test procedures have to be made. This is due mainly to the
radiation source, which in the case of reflected radiation is sunlight. Since the amount of
sunlight cannot be controlled, careful measurements of target reflectivity and incident
radiation must be made. A variety of target spatial frequencies must also be available. For
this, Edwards has large panels that contain variations of the standard test pattern shown in
figure 4.

Laser System Evaluation

An important aircraft system is the laser designator, used to direct laser guided munitions
to their targets. The evaluation process concerns it self with tracker stability, i.e., how well
the laser will maintain target illumination regardless of aircraft evasive maneuvers, beam
coherence as it travels through the atmosphere, residual radiant energy after being reflected
off the target, and susceptibility to countermeasures. The systems within the RAMS van
are configured to be able to quantify data necessary for the first two parameters.

Tracker stability is a primary performance factor when evaluating a laser designation
system. The test scenario for this performance check involves the aircraft to fire its laser
during evasive or loft maneuvers at a target that presents a highly reflective diffuse target.
The instrumentation in the van records the imagery of the laser spot. Off-line, a time
history scatter chart is generated in which stability (deviation) parameters are derived.
From this same data, image enhancement can be performed to generate profiling data to
evaluate beam coherence.



An enhancement task currently being worked on will provide a means to perform
evaluations of the remaining parameters, residual radiant energy and countermeasure
evaluation.

CONCLUSION

The RAMS system owes its beginnings to flight tests performed in the early 1980’s. This
beginning consisted of a portion of the Far Infrared Imaging system. In 1991 the
Radiometric Lab was established to provide instrumentation support for projects that
develop, test, and evaluate ground and airborne E-O systems/sensors. This far infrared
imaging system became the first component of what is now the RAMS system.

Since this systems early beginning, many flight test programs from all branches of the
military have utilized the support capability of the radiometric system. Driven by the ever-
increasing requirements of E-O flight test support, the system has evolved to provide an
array of multi-spectral support. Currently, limitations to a complete multi-spectral support
capability include a weakness in the middle infrared band (3 to 5 micrometers) and no
support in the ultra-violet. As we enter the new millenium, aircraft sensors will continue to
be enhanced and improved. Part of this enhancement will be to make full use of all bands
in the electro-optics spectrum. The RAMS system is evolving to meet the challenges of
providing a complete multi-spectral support capability. Strengthening its capability in the
middle infrared and adding support for the ultra-violet, this system will continue to be a
valuable tool well in to the 21st century.
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NOMENCLATURE

Collimator

A device for producing a beam of parallel rays (as of light) or forming an infinitely distant
virtual image that can be viewed without parallax.

Optics

That branch of physical science concerned with vision and certain phenomena of
electromagnetic radiation in the wavelength range extending from the vacuum ultraviolet at
about 40-nm to the far-infrared at 1-mm. Now being replaced by the more inclusive term
Photonics.

Optical Resolution

A measure of image quality produced by an optical system. May be specified in terms of
cycles per millimeter, referencing a repeating bar pattern; or angular resolution, referencing
the angle subtended by two distant point sources that are just resolved by the system.

Photonics

The technology of generating and harnessing light and other forms of radiant energy whose
quantum unit is the photon. The science includes light emission, transmission, detection,
amplification and detection by optical components and instruments, lasers and other light
sources, fiber optics, electro-optical instrumentation, related hardware and electronics, and
sophisticated systems. The range of applications of photonics extends from energy
generation to detection to communications and information processing.

Radiometer

An instrument for measuring the intensity of radiant energy.

Spatial Frequency

With a repetitive object such as a series of equispaced lines, the reciprocal of the line
spacing in object or image, generally expressed in cycles per millimeter.



USE OF ID-1 HIGH DENSITY DIGITAL RECORDING
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ABSTRACT

The Space and Missile Systems Center at Vandenberg AFB has integrated ID-1 high bit
rate helical scan digital recorders into the ground based and mobile telemetry receiving and
processing facilities. The systems are used for recording higher bit rates than those
available with the current IRIG standard longitudinal wideband and double density
instrumentation magnetic tape recorder/reproducers. In addition to the 400 Mbps digital
recorders, the systems consist of high-speed multiplexer/ demultiplexers and multi-channel
bit synchronizers for recording numerous telemetry data links and sources on a single
recorder. This paper describes the system configurations and compares recording
capabilities with those of the previous generation instrumentation magnetic tape
recorder/reproducers.

KEY WORDS

High Density Digital Recorders, Test Range Support, Multiplexers/Demultiplexers, and
Bit Error Rates.

INTRODUCTION

The primary data recording devices used by the test ranges over the past 40 years have
been analog instrumentation magnetic tape recorder/reproducers. These recorders began
with bandwidths of 100 kHz at 60 ips and evolved to the current bandwidths of 4 MHz at
120 ips (double density) or 240 ips (wideband). As the PCM bit rates of the telemetry data
from the test vehicles has increased; these recorders have become inadequate to meet
mission recording requirements. In 1993, the Range Commanders Council Telemetry
Group (RCC/TG) added 19-mm Digital Cassette Helical Scan Recording Standards to
IRIG Document 106, Telemetry Standards. The format is as specified in the American
National Standard For Information Systems (ANSI) 19-mm Type ID-1 Recorded
Instrumentation Digital Format, ANSI X3.175-1990. Since the Ranges have multi-channel
recording requirements, multiplexer/demultiplexers were also added for recording multiple



data channels on these single-channel recorders. In 1996, the systems were further
enhanced with the addition of submultiplexers/subdemultiplexers for recording of
additional digital data.

SYSTEM DESCRIPTION

The High Density Digital Recording (HDDR) systems discussed in this paper are the
Metrum/Datatape LP 400 Digital Recorders with the Alliant Techsystems Analog/Digital
Adaptive Recorder Input/Output (ADARIO) multiplexer/demultiplexer. The systems also
include a Veda 16-channel PCM bit synchronizer that inputs to an Alliant Techsystems 16-
channel submutliplexer. A laptop computer controls the systems. Two HDDR systems
have been integrated into the facility at the Vandenberg Telemetry Receiving Station
(VTRS), the Pillar Point Air Force Station (PPAFS) and the Telemetry Analog Equipment
Room (TAER). Also, one system is available in the Mobile Telemetry Receiving Station
(MTRS) number 2. A block diagram of the system is shown in Figure 1.

RS232

           PCM Post-D  Analog Data RS232
             Data (16-ch)          (6-ch)

IEEE 488

Figure 1: HDDR System Block Diagram

The systems have both digital and analog inputs. The submultiplexer will accept up to 16
digital inputs of post-detection PCM data with bit rates up to 25 Mbps for each channel,
up to a total aggregate rate of 256 Mbps. The submultiplexer is inputted to channel 1 of the
ADARIO. The ADARIO channels will also accept up to 6 additional analog or digital data
streams. Each analog channel can be digitized up to maximum rate of 400 Mbps. Of
course, the total aggregate rate of all channel inputs can not exceed the 400 Mbps of the
digital recorder.

The laptop PC shown in Figure 1 was delivered as part of the system and can be used for
local setup of the ADARIO and the recorder. The remote laptop PC was added to the
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system by Federal Services Corporation and is used to configure the complete system,
including the bit synchronizer, submux/subdemux, ADARIO, and tape recorder. The
configurations are achieved by using the menu-based controls in the software. The
software allows the user to establish channel parameters such as filter bandwidth, sample
size, clock source, and the coupling that is required to record the incoming signal. System
self-checks are also initiated from the remote PC.

The recorder in the test range configuration has four speeds with aggregate rates of 50,
100, 200 and 400 Mbps, which are equal to tape speeds of 3.31 to 26.1 ips. The 19-mm
medium and large cassettes are used on the test range. This results in recording times using
the large cassette of from 30 minutes to 4 hours. The recorder contains error correction
circuitry that performs error-protection encoding of the data before recording and error-
detection and error-correction of the reproduced data. The error protection uses a double-
encoded Reed-Solomon protocol, levels 4 and 5, interleaved by row and column
transposition in each of two data memory blocks. Each memory block is dedicated to one
scan of wideband data. This produces corrected bit-error-rates (BER) of less than 1 error
bit per 1010 data bits (excluding tape defects) with raw uncorrected input BER of about 1
error bit per 106 data bits.

The analog instrumentation magnetic tape recorder/reproducers discussed in this paper are
standard wideband and double density recorders meeting the requirements of IRIG
Document 106-99, Telemetry Standards. The recorders are currently on line at VTRS,
PPAFS, TAER and the MTRS 1 and 2. The wideband recorders are Ampex Model 3030’s
in the 14-track interlaced head configuration. The recorders have a maximum bandwidth of
4 MHz at 240 ips tape speed. The double density recorders are Datatape Model 3700J’s
and Racal Storehorses in the 14-track in-line head configuration. The maximum bandwidth
is 4 MHz at 120 ips. The majority of the recordings are predetection, were the IF of the
receiver is downconverted to a frequency within the bandwidth of the recorder. For analog
recorders, this has several advantages including recording at the earliest point in the data
stream in case of equipment failures, ability to optimize equipment settings during
playback, elimination of the recorder DC response problems, and less susceptibility to tape
dropouts. The first two advantages also apply to the HDDR systems, however predetection
recording with the HDDR systems uses much more of the recording capacity than does
post-detection recording.

TEST RESULTS

There are several missile programs scheduled for support by the test range that have
recording requirements that can not be adequately met with our current analog
instrumentation magnetic tape recorder/reproducers. These include the Titan IVB program,



National Missile Defense (NMD) program, Multi-Service Launch System (MSLS)
program and Atlas IIA program.

Titan IVB.  Tests were conducted at VTRS and MTRS 2 to evaluate the capability to
record Titan IVB telemetry data. The requirement is to post-detection record the 3.277
Mbps NRZ-L PCM telemetry data on our Double Density Instrumentation Magnetic Tape
Recorders at a bit error rate of 1x10-6 or better. The HDDR systems and Wideband
Instrumentation Recorders were also tested as a comparison. At the request of the Titan
IVB program engineers, the tests were conducted using a BER test set with a pseudo-
random pattern of 2047 bits set to average the errors over a 3-minute period. No noise was
added to the data at the input. The test configuration is shown in Figure 2.

NRZ Bi-phase

NRZ

   3.277 Mbps NRZ

Figure 2: Titan IVB Test Configuration

The test results are shown in Figure 3. The vertical axis in the figure indicates the BER and
the horizontal axis indicates time. The horizontal test result lines represent the average
BER reading over several 3-minute intervals and the vertical lines indicate large error
bursts (over 10,000 errors).

Test # 1 was an average of 6 BER reading using the Datatape 3700J double density (DD)
at VTRS and 3 reading using the Racal DD in the MTRS 2. The reading varied from 2x10-

5 to 9x10-6, excluding error bursts, with no significant difference between the Datatape and
Racal recorder results. Test # 2 was a repeat of test # 1, with the input code changed from
NRZ-L to Bi-Phase-L. The BER reading varied from 2x10-5to 4x10-7 , with the average as
shown. There were no large bursts of errors resulting in an error overflow indication.

Test #3 was using the Ampex 3030 Wideband (WB) Instrumentation Recorder at 240 ips.
The recorder was able to record the 3.277 Mbps NRZ-L data with no errors over the three
3-minute periods. The recording was also error free at 120 ips.
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Figure 3: Titan IVB Test Result

Test # 4 was using two different HDDR systems with inputs into channels 1, 2, and 3 of
the submultiplexer. Initially, there were one or two bursts of errors during each 3-minute
period of recording and reproducing the NRZ-L data, causing the error count to be out of
tolerance. This was corrected by using a new tape, which resulted in no errors over the
three 3-minute periods.
Test # 5 was a repeat of the previous test, but with the input to the ADARIO multiplexer
analog channel 2. The result was still no errors over the three 3-minute periods.

NMD and MSLS Programs.  Both of these programs require support of 10 Mbps NRZ
telemetry data streams. Tests were conducted on the HDDR systems at VTRS, PPAFS,
TAER and the MTRS 2 by recording the 10 Mbps on all 16 channels of the
submultiplexer. The test configuration is shown in Figure 4. The data could be recorded
and reproduced with no errors introduced by the recording process when a dropout free
tape was used. The relative humidity in the test facility was critical in finding dropout free
tapes. The bit rate was too high to record on the analog recorders.

16-channels

Figure 4: NMD and MSLS Test Configuration
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Atlas IIA.  Tests were conducted at VTRS to evaluate the capability to record Atlas IIA
telemetry data. The requirement is to predetection record the telemetry link containing the
I and Q channel PCM data

                   Ant

         S-band

Predetection

         I channel

Data
 &            Q channel
Clock

Figure 5: Atlas IIA Test Configuration

on our analog instrumentation magnetic tape recorders at a bit error rate (BER) of 1x10-6

or better. The I channel is 256 Kbps NRZ that is Viterbi Encoded and the Q channel is 1.6
Mbps NRZ. The I and Q channels are then QPSK modulated onto the S-band carrier. A
predetection downconversion frequency of 2.1 MHz was used. The test configuration is
shown in Figure 5.

Both the wideband and double density instrumentation magnetic tape recorders were
tested, along with the HDDR system. In addition to predetection, the post-detection
capability was evaluated by recording the outputs of the I and Q channel bit synchronizers.

Test #1 was predetection recording of clean data using the HDDR system with input into
the ADARIO multiplexer analog/digital channel #1. The reproduced data was found to be
error free. The signal-to-noise ratio (SNR) was then lowered until the Q channel showed a
BER of 1 x 10-6 with the recorder in the bypass (e to e) mode. Upon recording and
playback, no additional errors were introduced. The SNR was lowered further until the I
channel was at an error rate of 1 x 10-6. This was at a 6 dB lower SNR than the Q channel
due to the Viterbi encoding improvement. Upon playback, it was found that the
predetection recording process still did not introduce any additional errors.

Test #2 was recording noisy NRZ data, that is noise was added until the Q channel
showed a BER of 1 x 10-6 without the recorder in the loop. The I and Q data was post-
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detection recorded using channels 1 and 2 of the submultiplexer. The recording did not add
any errors due to the recording process.

Test #3 was predetection recording of clean data on the Datatape 3700J double density
recorder at a tape speed of 120 ips. Although the data from the recorder did not look bad
on an oscilloscope, lock of the demodulator in the playback receiver was erratic and the
data was not usable. Test #4 was predetection recording of clean data on the Ampex 3030
wideband instrumentation recorder at a tape speed of 120 ips. The results were the same
as the double density recorder, with no usable data.

Test #5 was recording clean post-detection data on the double density recorder with the I
and Q
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Figure 6: Atlas IIA Test Results

channels on separate recorder tracks. The TTL outputs of NRZ data were recorded from
the individual bit synchronizers. Both tracks showed bursts of errors every 5 to 10 seconds
due to tape dropouts.

Test #6 was recording clean post-detection data on the double density recorder, but
recording the bi-phase I and Q channel outputs of the bit synchronizers. The bursts of
errors on both channels occurred less frequently, about every 30 seconds.

Test #7 was recording post-detection data on the double density recorder, but with noise
added until the Q channel showed a BER of 1 x 10-6 without the recorder in the loop.
When recording and reproducing the NRZ data, both channels had very high error rates
and where unusable. Switching to bi-phase resulted in excellent data with no errors
introduced by the recording process as seen by the Test # 8 results.



Test #9 and #10 were a repeat of test #7 and test #8, but using the Ampex 3030 Wideband
Instrumentation Recorder at 120 ips. The recorder was able to record and reproduce both
the NRL and bi-phase data with no errors added by the recording process.

TEST SUMMARY

The Titan IVB 3.277 Mbps telemetry data can be recorded on the HDDR systems without
any data errors provided a good tape is used. It was found that the relative humidity in the
facility has a big effect on the tapes and is critical to low error rates. A relative humidity
from 45 to 60 percent is recommended. Either recording through the submultiplexer or
directly on an ADARIO channel provides excellent results. Use of the wideband
instrumentation magnetic tape recorders also provided acceptable results.

Post-detection recording of the Titan IVB NRZ data on the double density recorders is not
acceptable.
The loss in recorded output level is inversely related to the recorded wavelength, i.e., there
is a 55 dB signal loss for every wavelength separation of the tape from the head. Since
double density recording is at ½ the wavelength of wideband recording, the effects of tape
dropouts are much more severe. The problem is compounded by the recorder head track
width of 25 mils for double density verses 50 mils for wideband. Recording the Titan IVB
3.277 Mbps data on the double density recorders in the NRZ format results in several
bursts of errors during each 3 minute period that put the error rate above the required 1x10-

6. Using the standard Range procedure of measuring the error rate over each million bit
period and accepting occasional error bursts due to tape dropouts indicates that the tape
and recorder are performing as expected. Translating the code from NRZ-L to Bi-Phase-L
improved the data because the Bi-Phase-L code is less effected by tape dropouts due to a
transition each bit period.

The HDDR systems are the only recorders on the Range that can record the 10 Mbps
PCM data stream required by the NMD and MSLS programs.

Predetection or post-detection recording of the Atlas IIA data on the HDDR system
provides error free data. However, predetection recording on the wideband or double
density recorders will not provide usable data. Post-detection recording of the separate I
and Q channels of NRZ may provide acceptable results, but is susceptible to tape
dropouts. Recording the NRZ data may also be a problem on the analog recorders due to
low-end frequency response if long strings of ones or zeros are present in the data stream.
Post-detection recording the bi-phase output of the bit synchronizers does provide
acceptable data.



CONCLUSIONS

The Range User should be encouraged to use the new HDDR recorders, rather than the
analog recorders. If analog recorders are the only systems available for playback by the
Range User, then the wideband recorders, rather than double density recorders, should be
used. When double density recorders are the only type available, then the NRZ PCM data
should be translated to bi-phase for recording, along with a backup recording using the
HDDR or wideband systems.

The HDDR systems are the only recorders on the Range that will meet the predetection
recording requirement of the Atlas IIA program. Converting to the bi-phase format at the
output of the bit synchronizers and post-detection recording the I and Q channels on either
the double density or wideband instrumentation recorders is also acceptable. Post-
detection recording of the NRZ I and Q channels is not recommended. The HDDR
systems are also the only recorders on the Range that will meet the 10 Mbps NMD and
MSLS program recording requirements. When using the HDDR systems, the tapes are
critical, including the relative humidity at the recording facility.
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RAPIDLY ADAPTABLE INSTRUMENTATION TESTER (RAIT)

Timothy D. Vargo
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ABSTRACT

Emerging technologies in the field of "Test & Measurement" have recently enabled the
development of the Rapidly Adaptable Instrumentation Tester (RAIT). Based on software
developed with LabVIEW®, the RAIT design enables quick reconfiguration to test and
calibrate a wide variety of telemetry systems. The consequences of inadequate testing
could be devastating if a telemetry system were to fail during an expensive flight mission.
Supporting both open-bench testing as well as automated test sequences, the RAIT has
significantly lowered total time required to test and calibrate a system. This has resulted
in an overall lower per unit testing cost than has been achievable in the past.
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INTRODUCTION

Testing and calibration of small quantity (one or few of a kind) telemetry systems has
been a long-time challenge. The complexity of these systems has previously made
automating a test sequence for such small quantities cost prohibitive; yet non-automated,
open-bench type testing is equally costly, because it is very time consuming and labor
intensive. What is needed to resolve this paradox is a tester design that is highly
configurable, both in hardware and software, which would allow for quick, easy
adaptation to existing and future telemetry and instrumentation system designs. Such a
tester should also address issues of data management, including the complex problem of
maintaining a proper history of retest data. It should also be capable of electronically
feeding test results directly to the next step in the overall data management process,
thereby reducing the likelihood of human error being introduced into the data. We have
developed an embodiment of this solution at Sandia National Laboratories, and termed it
the Rapidly Adaptable Instrumentation Tester (RAIT). The RAIT completely automates
the entire process of test and calibration of a telemetry system -- from the application of
artificial stimulus to multiple data channels, all the way through to the creation of files
that contain the test results needed for import to the calibration files. These calibration



files will convert Pulse Coded Modulation (PCM) flight data into calibrated engineering
units.

METHODS

The philosophy behind RAIT is to begin with a “base set” of Test & Measurement
(T&M) instruments and associated software drivers, which represent the core of the
RAIT design. With this core design the vast majority of instrumentation testing can be
achieved. Then, as unique testing requirements for a specific instrumentation system are
identified, an instrument or two can be added to accommodate those specific
requirements.

HARDWARE -- To achieve maximum flexibility and configurability on the hardware
side, Commercial Off-The-Shelf (COTS) T&M equipment was selected. All equipment is
fully programmable, and computer controllable via a General Purpose Interface Bus
(GPIB) interface. The T&M instruments that make up the above mentioned “core”
include a four (4) output power supply; a two (2) channel universal source capable of
producing both voltage and current signals; a Digital Multi-Meter (DMM); and a
switching matrix. A combination PCM decommutation/bitsync card is also a part of the
core, as is an oscilloscope or a Multi-Purpose Data AcQuisition (DAQ) unit. The Multi-
Purpose DAQ unit provides Analog to Digital (A/D) inputs, Digital to Analog (D/A)
outputs, timer outputs, and digital I/O ports. All instruments, including the PCM card and
the DAQ card, are under control of a high power computer workstation, running a single
or dual Intel® Pentium® microprocessor(s), and the Windows® NT Operating System. All
instruments, plus the computer workstation, are mounted in either a single bay, mobile
test rack, or a multi bay, not-so-mobile test rack. The tester mounts the computer
keyboard and an LCD flat-panel display on a swing-arm, which is mounted directly to the
single bay rack for maximum mobility and minimal storage space. The computer is
connected to a Local Area Network (LAN), so that users can review test results from their
desktops, or even via remote login from an off-site location. When temperature testing is
required, a GPIB controlled temperature chamber is located directly next to the RAIT test
rack.

At the center of all this equipment is an interface chassis. This chassis consists of a front
panel that mounts all the connectors that will interface to the Unit Under Test (UUT); a
rear panel that mounts all the connectors that will interface to the T&M instruments, the
PCM card, and the DAQ card; and a Printed Wiring Board (PWB) that provides the
appropriate interconnectivity between these front and rear panels. Hence, the interface
chassis acts as a customized signal routing box, properly connecting every channel of the
UUT to the appropriate connection point in the test rack. The PWB may also contain
some circuitry, which could provide signal conditioning, voltage dividers, or other
various functions. In this fashion, an interface chassis that is specific to each unique
Telemetry System design is constructed as the only piece of hardware requiring change.



These chassis are interchangeable among different test racks, by implementing a standard
interface design for the rear panel. The front panel is designed to the specifications of the
UUT with which it is intended to mate. Along with each unique interface chassis is also a
unique cable set, to connect between the front panel and the specific UUT.

Figure 1. RAIT with UUT connected Figure 2. RAIT with display and
keyboard folded in for storage

To achieve total automation, some method of switching a variety of T&M equipment
to/from a variety of UUT data channels was needed. This was accomplished with the
implementation of a switching matrix chassis (Keithley® model 707), populated with
general purpose, plug-in matrix cards. This matrix can be configured to operate in either a
row oriented or column oriented mode. Much consideration goes into making the
appropriate decision on which configuration mode to use. We eventually concluded that
the column oriented mode would best suit our purpose, based mostly on the fact that row
oriented mode limits the number of T&M instruments to the number of rows that are
available (in this case 8), and because column oriented mode provides for better future
expansion.

One important "lessons learned" that was discovered during the first RAIT design, and
was thus corrected during the second, was the realization of the importance of Design for
Test. The first RAIT was created to test an existing telemetry system, known as the



Light-Weight Instrumentation System (LWIS). Since the UUT was an existing system,
there was no opportunity to influence its design, and we had to use the predetermined
approach for making a connection to the UUT. This approach was a bed-of-nails fixture,
one fixture custom built for each board type to be tested, which proved difficult to
implement. Precise alignment of boards on the fixture was required, and even with this
achieved, proper electrical continuity was troublesome to maintain. When the original
LWIS design evolved into the LWIS 2 design, the opportunity to incorporate Design for
Test was seized. The bed-of-nails fixtures were replaced by tiny connectors, surface
mounted directly on the boards to be tested. In most cases these tiny connectors were not
incorporated into the design for the sole purpose of providing a connection point for
testing, but shared their function between being a test port, and providing connection to
other boards and sensors in the next level subassembly. For diagnostic monitor points that
do not require an off-board connection to the next level subassembly, these tiny
connectors were incorporated into the design for the sole purpose of providing a
connection point for testing.

SOFTWARE -- To achieve maximum flexibility and configurability on the software
side, a Commercial Off-The-Shelf (COTS) software development environment is utilized.
LabVIEW® (National Instruments) was chosen for its Graphical Programming nature,
which leads to ease of use; its Object Oriented nature, which leads to reusable, modular
code; and for its extraordinary Instrument Control capabilities, which made it extremely
well suited for this application. The vast majority of the RAIT software is written in
LabVIEW®’s native “G” programming language. However, the driver that communicates
with the PCM card was written in Borland® C++, and provides an ActiveX interface,
which LabVIEW® accommodates quite well. The ActiveX protocol is also used by the
RAIT software to exchange information to and from Microsoft Excel® worksheets, which
contain channel lists, PCM format definition, etc., as well as the test and calibration
results. Report generation is accomplished using HiQ® (National Instruments), which
integrates easily with LabVIEW®, again via ActiveX function calls.

Each test, such as read a voltage, read a current, read a PCM frame, etc., as well as each
routine that performs a check and/or calibration of the read data, is written as a modular
subroutine. This methodology provides a high degree of “adaptability”, which will allow
for rapid reconfiguration as the software is applied to the testing of diverse telemetry
systems, each with differing testing requirements. Furthermore, each of these test routines
can be run as a stand-alone test, providing for open-bench style testing without manual
reconfiguration.



Figure 3. Front Panel user interface



Figure 4. LabVIEW® Diagram showing main execution engine

RESULTS

An intuitive operator interface was designed to allow the operator to enter in some initial
data such as the serial number of the UUT, the “object type” of the UUT, the operator’s
name, and other documentation type information. Once this data is entered, the operator
then selects the “test level” that is desired (selects between various board level or
subassembly level testing), then selects which channels are to the tested (all by default),
and at what temperatures to perform testing (all by default). This entire data entry process
requires approximately one (1) minute, then the testing can commence with the push of a
single button. The amount of time required to complete a full test sequence varies with
the “test level”, but typically takes between 10 - 50 minutes, per temperature run. The test
time has been reduced so dramatically from what it used to take to perform the same tests
manually, that the temperature soak time is now the most time dominant part of a full test
sequence. Regardless of the time required to complete a full test sequence, the man-hours



required remains at about ten (10) minutes, since once started the test performs
automatically and unattended until finished.

The development of the RAIT has produced a great deal of LabVIEW® code, almost all
of which is Object Oriented, modular, and reusable. The core hardware design is also
reusable. The expandability of the Keithley® switching matrix allows for easy
augmentation of additional channels, if needed.

One major goal driving the development of this tester was to reduce the total cost of
testing and calibration of each test unit, by reducing the total labor required. Another goal
was to improve data reliability, and therefore the customer’s confidence in the data. Prior
to the RAIT, it required approximately 24 man-hours and 500 manual steps of open
bench testing to conduct the nine LWIS tests/calibration procedures required for each
flight unit. Most of this time was spent waiting to manually switch connections during the
test. Because literally hundreds of wires were reconnected during a full test sequence,
even the most experienced technicians made on average two switching errors per unit,
which meant two (2) retests at a cost of approximately four (4) hours per unit. After the
RAIT was introduced to the process, total test/calibration time dropped to about 12 hours
per flight unit, including six (6) separate temperature soak times of one (1) hour each.
Out of these 12 hours of total test/calibration time, only about 0.5 man-hours are required
to connect cables to the unit in three different configurations, and to start the test process
for each of these three configurations. During the remaining 11.5 hours, the tests run
unattended. Using the computer controlled switching matrix to automatically perform the
hundreds of necessary connections virtually eliminates retests due to human error. Using
the RAIT, total test/calibration man-hours now takes 1.8% of the original man-hours
required.

CONCLUSIONS

The RAIT design has proven to be both efficient and cost effective at testing multiple
telemetry system designs. As new RAITs are built to accommodate more instrumentation
systems, its flexibility and adaptability will evolve with each iteration. Already, issues
have been identified that can be improved upon with the next implementation. These
issues include abandoning the custom built user interface in favor of a COTS product,
called TestStand (National Instruments). This product was created with integration to
LabVIEW® in mind, and should enhance the RAIT’s ability to be rapidly adapted to each
new application. The TestStand product will also provide superior Report Generation
capabilities over the HiQ® product now being used, and will completely eliminate the
need for HiQ®, which has proven clumsy and difficult to use for this purpose.
Additionally, TestStand will provide an even better method of managing test parameters
and test limits, by supplying a COTS editor with an import/export capability. Currently,
the management of test parameters and test limits is accomplished with a custom editor,



coded with LabVIEW®. Other areas for future enhancement include a tool to better
manage the storage of test result data, in a way that can track retest history and provide an
audit trail; and the implementation of Telemetry Attributes Transfer Standard (TMATS),
an IRIG specification to standardize how telemetry data is to be defined. The
incorporation of Design for Test into new telemetry system designs can further exploit
the RAIT’s efficiency.
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ABSTRACT

The Hardened Subminiature Telemetry and Sensor System (HSTSS) is a model program;
executing Department of Defense (DoD) initiatives, such as Acquisition Reform, Industry
Partnering, and the use of Integrated Product Teams (IPT). HSTSS is using partnering
because the expertise is spread across the industry, and integration is required to fabricate
an instrumentation system that would meet tri-service test requirements. This paper will
describe the programmatic and technical approaches being used to mitigate risk. In this
paper key management strategies will be addressed. I will discuss the affect that the IPT
process has had on HSTSS to make the program so successful. This paper will essentially
discuss the acquisition strategy as it has evolved to mitigate obsolescence. The strategy
has been influenced by acquisition streamlining , commercial technology and the limited
production requirements. In this paper I will address how partnering and the use of
commercial technology will reduce the program costs as well as the unit cost. The
importance of working together within the services and sharing funds and technology to
accomplish more with less will be addressed in this paper. This paper will address how
we intend to deliver a low cost, microminiature, high g (100,000 g), modular
instrumentation system. This instrumentation is to be used for indirect fire and direct fire
projectiles and small missiles. Data is to be collected from launch to impact. The modules
being developed will include but not be limited to batteries, transmitter, data acquisition
chipset and a variety of sensors (pressure, spin rate, GPS, etc.).

KEY WORDS
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INTRODUCTION

We are developing instrumentation systems that will allow the Government to test
weapons systems that are being delivered to the field. Quantities to be tested are usually
limited in number because of the unit cost per test sample and the test budget, so the
Government market is not sufficient for industry to commit their limited resources. This
results in expensive and non-reusable instrumentation systems. In order to reduce the cost



and the risk the focus has been shifted to commercial technology and leveraging. The
HSTSS Program has made effective use of the IPT process and partnering. The IPT has
selected the Building Block method for developing the instrumentation to satisfy the tri-
service needs of HSTSS. This also reduces the long term affects of obsolescence and
allows ready insertion of advanced technology. HSTSS has led the way in acquisition
streamlining in many areas which will be discussed throughout this paper. It is important
for us in the Government to realize that because of the limited resources available,
different activities and services must team together rather than trying to maintain
individual programs duplicating efforts. Duplication hurts programs more than anything.
HSTSS has been successful in leveraging other programs and working with other
programs to help them meet their requirements.

BACKGROUND

The HSTSS project was started in 1992. This project started off as an Office of the
Secretary of Defense (OSD) sponsored Test Technology Development and
Demonstration (TTD&D) program. It has successfully transitioned into an OSD Joint
Improvement (JIM) program. HSTSS is required to be a low cost, microminiature, high g
(100,000 g’s), modular instrumentation system. HSTSS instrumentation will be used on
projectiles and small missiles which will allow measurements to be made on board during
flight testing. Data will be collected from launch to impact. The limiting factors in the
design of HSTSS instrumentation are the package size and the high-g environment.
Because the size and shape of the space available for instrumentation varies, the tri-
service users wanted a modular/component design so that each user could repackage the
system to meet their particular needs, especially the volume constraints. During flight,
accurate data can not be collected with present systems. Present systems are too large.
During the early phase of HSTSS, it was determined that the hardest components to
shrink would be the battery. After much market research, it was decided that most battery
manufacturers were not interested in taking on a development project because in test
instrumentation there was a limited market. One company was willing to work with U S
Army Research Laboratories (ARL), Weapons and Materials Research Directorate and
through this effort, we now have a battery that withstands 100,000 g’s and can be
configured to the subminiature package (less than a cubic inch) without taking up all the
space. From the experience of the Integrated Product Team (IPT) on other
instrumentation development programs, it was decided that HSTSS should be developed
as a modular/component system. The modular/component design is a building block
design so systems can be configured to fit the different space requirements. This way we
could develop individual technology and allow HSTSS to be geometrically flexible and
be easily adaptable to future advanced technology. The modular/component design
makes HSTSS more adaptable to meet the different configurations needed by the three
services.



ACQUISITION STRATEGY

The acquisition strategy for HSTSS is to have contractors developing the individual
technologies or building blocks. After the delivery of these building blocks the
Government would prototype instrumentation systems to meet a number of different
requirements. The prototypes would be limited to quantities no greater than twenty.
When test quantities grew large enough it would require a contract award of an
integration/production contract to be able to meet the large quantity requirements. The
development of the individual technology is what we refer to as the HSTSS “building
blocks”. It is expected that the technology is commercially available and could be
fabricated with very little development. The system environment for a high g and
microminiature size are the restricting parameters which have to be satisfied. Present
contracts are for the development of a transmitter and a Data Acquisition Chipset
(DAC). Other future solicitations will be for a pressure transducer and GPS/IMU.
HSTSS has led the way using acquisition reform and streamlining in our acquisition
process. The IPT has been innovative and works hard to reduce the award time and to
utilize the electronic media.. Program management and acquisition reform in the 90’s
has been very rewarding and exciting.

PROGRAM MANAGEMENT

With the ever increasing sophistication of munitions and small missiles, flight tests are
necessary to reduce development costs. However, in the case of small or relatively
inexpensive systems, flight tests are often not made due to anticipated or presumed high
cost of measurement systems. Usually the instrumentation is expensive and in most cases
expendable. Although, special high-g telemetry systems exist (a telemetry system is
defined as the complete measuring, transmitting and receiving apparatus for indicating or
recording at a distance the value of a quantity), their usage is not as common as in larger,
more expensive, non-high-g systems. Additionally, the role and impact of simulation
requires accurate and realistic flight measurements as input. The HSTSS program has
been jointly sponsored by the Department of Defense and the Army to develop and
demonstrate a new generation of high-g telemetry technologies and to make these
products available to the test community (Ref 1). The acquisition strategy is obviously
driven by the need for inexpensive, microminiature and high-g instrumentation
modules/components. If instrumentation is to be inexpensive it needs to come from
commercial technology. If program costs are to be reduced we need to leverage other
programs and work the three services as a super integrated product team. Managing
programs to develop test and evaluation instrumentation is a challenge today because the
Government does not buy sufficient quantities to control the market. This is an important
reason the Government can not duplicate effort and why the three services have to work
together so we leverage the quantities and combine them into one market. This still does
not create a market as large as the commercial market, but it will help. We still need to



utilize commercial technology. A company will not invest resources in a program that
does not have a future market place to make them sufficient profits. It is the commercial
technology that controls the market place and is highly profitable because of the
quantities required. Automobiles, cell phones and computers are a few examples where
the volume purchases are high and the profits are also high. There are two paths we can
take to be able to work with industry and make it profitable for them. First, we can take
existing commercial technology and adapt it to our needs or we can develop something to
meet our needs and show industry that there can be a commercial market for that
technology. In our case the Transmitter manufacturer is adapting his cell phone
technology to meet our needs because he feels when our product is developed he can use
this same technology for other commercial applications. HSTSS can only be a success if
commercial technology is considered in the modules/components being developed under
this program. The critical aspect of HSTSS is that the instrumentation is not recoverable
and therefore the cost must be kept at a minimum. The following are examples of how
leveraging and commercial technology has helped advance the HSTSS program.

The key management tools I have used successfully are the IPT, leveraging technology
being developed by other activities and searching out and using commercial technology.
Sharing development between projects is saving money and time. This is what is making
HSTSS successful.

COMMERCIAL TECHNOLOGY

HSTSS developed a power source that would exist in the harsh launch environment using
the commercial technology that was available. Solid polymer electrolyte, lithium-ion
power cells from Ultralife Batteries (UK) were evaluated (Ref 2). The solid-state polymer
batteries (nominal 4 V) are rechargeable, lightweight, physically configurable, and
environmentally friendly. Cells can be made to almost any user shape or configuration.
They can be layered together and connected in parallel and/or series to provide a
complete battery system. Ultralife is under contract to modify its commercial cells for the
gun-launched environment. Single-cell configurations have survived shock accelerations
of more than 110,000 g’s and centrifugal tests at 300 rev/sec, yielding radial accelerations
of 24,000 g’s. HSTSS is currently funding the development to increase the energy density
and temperature performance of the cells. Primary power cells, available from Ultralife
Batteries (US), offer similar form factor characteristics with even higher energy density
and are currently being evaluated for high-g applications (Ref 3).

The portable communications industry is rapidly developing new devices and products.
Wireless communication systems, local area networks, cellular phones and mobile links
are common at frequencies not permitted on test ranges. However, existing commercial
communication technologies have promise for application at L and S-band frequencies
(approximately 1.5 and 2.2 GHz). Preliminary evaluations indicate these technologies can



be made compatible with the standards of frequency allocation, stability and bandwidth.
Link budgets and analyses have been completed in this preliminary survey. HSTSS has
awarded a contract to provide the community with a new family of miniature, high-g, low
cost transmitter components and modules.

INTEGRATED PRODUCT TEAM

The major factor contributing to the success of the HSTSS program is the Integrated
Product Team (IPT). When I took over as the Project Director for HSTSS, it was obvious
that this program would not go any where unless we had a cohesive team. It is hard
enough to get a team to work together when you are from the same service, but HSTSS
IPT is tri-service. After a few meetings the team seemed to realize that we all had the
same goal. HSTSS is such a large program for that it was decided to have more than just
a single IPT. I utilize the IPT process to help manage my program. I have six active
contracts totaling almost $10 M. I have two universities doing studies for HSTSS. There
is one IPT for acquisition and is cross fertilized by members on the technical working
group IPT. There is the tri-service international IPT. The IPT process is a valuable asset
to HSTSS. The team is constantly considering the cost and the affects on cost of any
change in requirement and yet they strive for a superior product that can be used by the
majority of the participants. Teams are formed as additional projects are added to cover
individual applications. It is very rewarding to see the cooperation and unity the HSTSS
program has between services, various activities, industry and other governments.

The IPT is effective because it brings together a great variety of talent and experience. It
also by nature produces a greater networking capability than can be done alone. This
process has been responsible for the progress the HSTSS project has made over the past
two years. The IPT has been able to make technical decisions and still keep cost and
schedule well under control. Everyone is focused on the end requirements and the team
works hard to keep requirements from creeping.

CONCLUSION

HSTSS is a low cost flexible instrumentation system. This is happening because we have
a good acquisition strategy, a great IPT, we are leveraging other programs and making
full use of commercial technology. The battery technology that was developed for
HSTSS is now being used in lap top computers. This allows the manufacturer to expand
the market which eventually reduces the unit cost and gives the manufacturer a reason to
keep the battery line producing. On the other side, HSTSS has looked at the automobile
industry to find an air bag sensor which is a commercial accelerometer. This
accelerometer has been tested up to 30,000 g’s. The cost is less than $50. In order to be
able to find this technology we must be looking. It has been a total team effort and it has
required leveraging other programs and sharing with programs working the same or



similar issues. The way to have a successful instrumentation development in today’s
arena requires leveraging, Integrated product teams, partnering and commercial
technology.
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ABSTRACT

The rapid growth in portable and wireless communication products has brought valuable
advancements in battery technology. No longer is a battery restricted to a metal container
in cylindrical or prismatic format. Today’s batteries (both primary and secondary) can be
constructed in thin sheets and sealed in foil/plastic laminate packages. Along with
improvements in energy density, temperature performance, and environmentally friendly
materials, these batteries offer greater packaging options at a significantly lower
development cost. Under the Hardened Subminiature Telemetry and Sensor System
(HSTSS) program these battery technologies have been further developed for high-g
telemetry applications. Both rechargeable solid state lithium-ion polymer and primary
lithium manganese dioxide batteries are being developed in conjunction with Ultralife
Batteries Inc. Prototypes of both chemistries have been successfully tested in a ballistic
environment while providing high constant rates of discharge, which is essential to these
types of applications. Electrical performance and environmental data are reported.
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INTRODUCTION

The Hardened Subminiature Telemetry and Sensor System (HSTSS) program is currently
developing state-of-the-art telemetry components and subsystems for missile and ballistic
applications. The goal of the program is to provide lower cost, user configurable
telemetry components for making in-flight measurements of smart munitions. Along with
these telemetry components, comes the need for a power source, which cannot only fit
into the constrained dimensions available on a munition, but also perform under extreme
conditions such as high-g acceleration and spin. The HSTSS program has identified
recent advancements in battery technology, which will provide possible power sources
for future telemetry systems. Development with Ultralife Batteries is on going in an effort
to adapt their commercial technologies to the high-g military environment. This paper
reviews the current status of these developments, the battery technologies, battery
designs, and test results.

BACKGROUND

An on-board telemetry power source usually consists of several cells connected together
to give the desired voltage and capacity. Typically these batteries fall into the following
categories: secondary (rechargeable), primary (non-rechargeable), and reserve (activated
upon some condition i.e. spin). These batteries are of fixed dimension, are comprised of
free electrolyte, and are often large when compared to other telemetry components.
Because these batteries are rigid, the designer has very little flexibility in the package
design. If moments of inertia and center of gravity are to be preserved, the job becomes
even more challenging. In the past, special order batteries that would meet these
requirements have proved to be cost prohibitive.

Under the HSTSS program both secondary solid polymer electrolyte lithium-ion batteries
and primary lithium manganese dioxide (Li/MnO2) batteries are being developed for
ballistic applications. Both technologies are available in conformal foil/plastic laminate
packaging and can be rapidly prototyped for most applications. These technologies are
being proposed for applications where power requirements are not extreme, but where
space and packaging flexibility is of major concern. It is expected these technologies will
provide the telemetry engineer with an affordable and reliable power source, while
allowing more flexibility in the system package design.

The HSTSS program started evaluating these technologies nearly five years ago while
under the test technology and demonstration phase of the program. During this period
numerous development contracts have been executed. The early contracts focused on
survivability issues of the basic cell structure under high setback and radial accelerations.
Research has also been conducted in the areas of assembly and fabrication techniques of
multi-cell batteries and improved energy densities and temperature performance. Basic



cell structures of both chemistries have been shown to survive accelerations in excess of
80,000 g. These works are summarized in Refs. [1,2,3]. Since our initial evaluations the
technology has matured dramatically. Currently, the HSTSS program is building
demonstration batteries for several munition applications in both the lithium-ion and
Li/MnO2 chemistries.

RECHARGEABLE SOLID POLYMER LITHIUM-ION TECHNOLOGY

Lithium-ion technology was first commercialized in 1991 by Sony, and is based on a
carbon anode, a lithium metal oxide cathode, and a liquid electrolyte. However, since
these early liquid-based systems had the need to contain the liquid in a metal can, there
were limitations to the applications in which liquid based systems could be used. In order
to overcome these limitations, Ultralife Batteries (and others) have developed a solid
polymer lithium-ion battery. In place of the conventional liquid electrolyte is a polymer
that functions both as a transporting medium for the lithium ions, and an electronic
insulator that prevents the electrodes from shorting. By incorporating a lithium salt and
organic plasticizers into the polymer matrix, high ionic conductivity, good
electrochemical stability and high mechanical strength have been obtained. A basic
schematic of the cell construction is shown in figure 1.

Figure 1. Schematic of a Lithium-Ion Polymer Cell Structure

The batteries are fabricated by laminating the electrode and electrolyte layers with the
proper application of heat and pressure. The whole assembly is contained within a foil
laminate package sealed by conventional heat bonding methods. Due to the nature of the
electrode layers, and the use of foil laminate packaging material, the polymer battery can
be configured in a variety of thin prismatic shapes while maintaining a higher energy
density than other prismatic battery chemistries, figure 2. The foil laminate package also
allows the cells to be made as thin as 3mm compared to 6mm when a metal casing is
used. Depending on the configuration, energy densities as high as 130 Whkg-1 can be



achieved while maintaining a high cycle life (>500 cycles to 80% of initial capacity). The
polymer battery is capable of being fully charged in approximately 2.5 hours and can be
continuously discharged at 2C with very little loss in capacity.  Higher constant currents
can also be sustained, but larger losses in capacity will occur. As a result of using a
polymer electrolyte, and the absence of lithium metal, the cells are extremely tolerant of
abuse when subjected to short circuit, overcharge and forced discharge conditions. The
lithium ion polymer cells meet CSA950, IEC950 and UL1950 and also pass all Japan
Storage Battery Association safety tests.

Figure 2. Comparison of Energy Densities for Various Prismatic Battery Chemistries

LITHIUM MANGANESE DIOXIDE THIN CELL TECHNOLOGY

Ultralife Batteries has developed a line of thin, flat, primary lithium manganese dioxide
(Li/MnO2) batteries called Thin Cell. Like the solid polymer lithium-ion cells, these
cells are packaged in a foil laminate and can be rapidly prototyped in a range of sizes and
shapes as seen in figure 3. The internal construction of the Thin Cell is a wound solid
cathode structure. However, the electrode stack is made thinner and the number of winds
is increased in order to increase the surface area and battery performance under high
current loads as compared to commercial cylindrical batteries of this type. The electrode
stack can be made as thin as 0.2 mm. Power densities of 500 Wl-1 (or 250 W/kg) have
been demonstrated.  Recently, optimization of the electrolyte composition has improved
the performance of the cells over the temperature range of –20 °C to +70 °C. The Thin
Cell technology is proposed for applications not requiring rechargeability, but needing
a greater energy density and package flexibility than existing primary batteries.

Figure 3. Typical Cell Constructed Using Thin Cell Technology
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To further qualify these technologies for ballistic applications, Ultralife Batteries has
been contracted by the HSTSS program to build batteries for actual munition
instrumentation systems. Batteries for artillery, rocket, and kinetic energy munitions are
currently being built and are reviewed in the remaining sections.

ARTILLERY NOSE FUZE BATTERY

One of the most common applications for ballistic instrumentation is the artillery nose
fuze, figure 4. If given the entire fuze cavity, the volume available for an instrumentation
package is roughly 147 cm3. An artillery projectile can experience setback accelerations
as high as 30,000 g, and spin rates up to 300 rps yielding radial accelerations as high as
25,000 g depending on payload location. Both maximum acceleration and spin are
achieved in less than 15 milliseconds. The range of a typical artillery projectile is 20
kilometers.

Figure 4. Typical Artillery Nose Fuze Instrumentation System

SOLID POLYMER LITHIUM-ION NOSE FUZE BATTERY

A solid polymer lithium-ion nose fuze battery is being developed for projectile test and
evaluation applications. The battery is to be located in the rear of the nose fuze cavity as
shown in figure 4. The specifications for this battery are summarized in table 1.



Battery Type Rechargeable Solid Polymer Lithium-Ion
Dimension 37.0 mm od x 37.0 mm height
Minimum Voltage 12.3 V
Maximum Voltage 16.8 V
Constant Current Drain 150 mA
Minimum Duration 30 minutes (to minimum voltage)
Shock survivability 30,000 g
Spin Rate 300 rps
Operational temperature 0 °C to +50 °C

Table 1. Specifications for Solid Polymer Lithium-Ion Nose Fuze Battery

The nose fuze battery design consists of four lithium-ion cells connected in series. Each
disc shaped cell has a nominal voltage of 4.2V, and a nominal capacity of 120mAh. The
cells are constructed using multiple parallel layers, which minimizes the number of
interconnections, and prevents movement of the electrode assembly within the housing,
Ref [3]. The stack of cells is then inserted into a prefabricated mold and encapsulated as
shown in figure 5. This arrangement ensures the survivability of the battery at high-g
forces and spin rates, while still providing enough power to meet the electrical
requirements of the application. Figure 6 shows a typical electrical discharge curve of a
single 4.2V nose fuze cell under the specified current drain of 150mA.

Figure 5. Li-Ion Nose Fuze Battery Figure 6. Li-Ion Cell Discharge at 150 mA

Single cells of this type have been successfully shock tested to over 30,000 g while under
load, and up to 100,000 g with no load, Ref [2]. To date, only prototype batteries have
been supplied for environmental testing. Initial shock table testing of these batteries while
under load showed a small reduction in the battery voltage due to shock, figure 7. Post
analysis of the tested batteries indicated a possible movement of the cell structure inside
the foil package. To correct this problem, the packaging process has been modified to
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provide a tighter and more efficient package. Initial spin testing was performed up to 300
rps and showed no voltage drop out, figure 8.

Figure 7. Shock testing of a 16V Li-ion Figure 8. Spin testing of a 16V Li-ion
Nose Fuze Battery Nose Fuse Battery

PRIMARY LI/MNO2 NOSE FUZE BATTERY

A primary Li/MnO2 nose fuze battery has been built for applications requiring a higher
rate of discharge. The battery has been designed to fit into the same cavity and meet the
same specifications as described above in table 1, but it provides more current (250mA)
over a -20°C to +70°C temperature range. The battery design consists of eight square
shaped cells. These cells are constructed using a solid winding process that employs a
very thin electrode material (0.152mm cathode and 0.076mm anode). Each cell has a
nominal voltage of 3.0V and a nominal capacity of 166mAh. The cells are connected in
series and encapsulated to ensure high g-force and spin survivability, figure 9.   

Figure 9. Unencapsulated and Encapsulated Figure 10. Li/MnO2 Nose Fuze Battery
Li/MnO2 Nose Fuze Batteries Discharge at 250mA Load

Li/MnO2 nose fuze batteries have been shock tested under load up to 30,000 g with a
high rate of success. They have also been spin tested under load up to 300 rps with only a
minimal decrease in voltage (approx. 1 V due to radial acceleration, figure 11). This
decrease was due to movement of the electrolyte, and changes to the electrolyte
chemistry are being considered in order to limit this behavior. The batteries have also
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been flight tested on an M483 artillery projectile where they were used to power an ARL
yawsonde instrumentation package. The battery output was monitored in-flight with a
multi-channel FM/FM telemetry system. The system load on the battery was estimated to
be 130 mA, and the battery run time prior to launch was estimated at 15 minutes. Setback
acceleration and spin were estimated at 14,000 g and 265 rps respectively. The flight time
was roughly 52 seconds. Figure 12 shows the battery output in correlation with the sub
carrier oscillator over the duration of the flight.

Figure 11. Spin Test of a 24V Li/MnO2  Figure 12. Flight Data of a Li/MnO2 Nose
Nose Fuze Battery Fuze Battery on an M483

Projectile

KINETIC ENERGY PROJECTILE BATTERY

A KE projectile is a long, thin, solid rod that is used to defeat tanks in the battlefield. The
only available space for instrumentation is located in the tracer-well cavity of the fins and
possibly in the nose. The volume available in a tracer well cavity is less than 8 cm3, and
the environment for this projectile is extreme with launch accelerations over 60,000 g and
propellant flash temperatures over 2500 °C.

A primary Li/MnO2 battery has been developed for powering instrumentation systems
on-board these projectiles. The battery has been designed to fit into the tracer-well cavity
of the projectile, and still meet all of the remaining design requirements shown in table 2.
After several iterations, the battery has been optimized to yield a minimum capacity of
2.5mAh at 150 mA at room temperature, and an 8mAh minimum capacity at 80 mA at
room temperature, Ref [4]. Electrical discharge testing has also been performed to verify
the electrical performance of the batteries, figure 13.



Battery Type Primary Li/MnO2

Dimension (L x W x H) 15.5mm  x  15.5mm  x  8.9mm
Minimum Voltage 6 V
Maximum Voltage 12.8 V
Constant Current Drain 150 mA
Minimum Duration 6 seconds (to minimum voltage)
Shock survivability 100,000 g
Spin Rate 100 rps
Operational temperature 0 °C to +50 °C

Table 2. Specifications for a Tracer Well Battery Figure 13. Li/MnO2 Tracer Well
Discharge

The Li/MnO2 tracer-well battery has been successfully flight tested in an M735 105mm
KE projectile. The battery was used to power a telemetry system, which measured the
spin history of the projectile. An exploded view of the package design is shown in figure
14. The battery and electronic assembly were encapsulated to form a stand-alone module
that could be inserted into the projectile while in the field, figure 15. The system
transmitted spin history from the projectile for about two seconds when gun tested at
Yuma Proving Grounds. The system was exposed to propellant flash temperatures greater
than 2500 °C and setback accelerations greater than 40,000 g.

Figure 14. Package Design of an Figure 15. Encapsulated Unencapsulated
M735,105mm KE Tracer Well Assembly Tracer Well
Projectile Battery

2.75 INCH ROCKET BATTERY

The Naval Air Warfare Center at China Lake, CA. required a rechargeable power source
for their Advanced Missile Instrumentation Package (AMIP) program. This
instrumentation system consisted of a multi-channel PCM telemetry system and an ARL
designed inertial measurement unit (IMU). This instrumentation package, which is about
the size of a soda can, fits into a standard 2.75 rocket. The battery requirements are
summarized in table 3. No commercial batteries could be found to meet both electrical
and mechanical requirements. After estimating the cost of developing a custom battery
using standard battery technologies, the HSTSS program office was contacted.

TRACER WELL (12V Lithium Battery)
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Battery Type Rechargeable Solid Polymer Lithium-Ion
Dimension (L x W x H) 31.75mm  x  86.36mm  x  10.16mm
Minimum Voltage 11.5 V
Maximum Voltage 24 V
Constant Current Drain 700 mA
Minimum Duration 30 seconds  (to minimum voltage)
Shock survivability 500 g (maximum)
Spin Rate 50 rps
Operational temperature -10 °C to +70 °C

Table 3. Specifications for a 2.75 Rocket Battery Figure 16. 2.75 Rocket Battery

Two batteries have been designed to meet the AMIP specification. The first design used
rechargeable solid polymer lithium-ion technology. This was an aggressive design for
this technology because of the high rate of current required. Initial electrical testing of
these cells was promising, but over a short period of time (weeks), the cells would no
longer meet the specification. It was discovered that this failure was due to an internal
impedance growth problem, which caused the cells to lose capacity over time.
Modifications to the processing procedures are currently being addressed to correct this
problem.

In order to meet the AMIP program deadlines, the HSTSS program funded the
development of a Li/MnO2 version of the battery, shown in figure 16. Electrical testing of
these batteries was performed to verify their performance. The discharge profile for this
application included 15 predischarges at 25mA, and then a primary discharge of 700mA,
figures 17 and 18. Since operation over temperature is also very important for this
application, the cells have been tested at –10 C and +70 C, and have met the
specification, Ref [4].

Figure 17. Li/MnO2 2.75 Rocket Battery Figure 18. Exploded View of an
with 15 25mA Discharges, and a Li/MnO2 2.75 Rocket Battery
700 mA Discharge Discharge 700mA
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CONCLUSION

Rechargeable, solid polymer lithium-ion batteries are being developed for ballistic
telemetry applications. Prototype batteries for artillery nose fuze and rocket applications
are currently being built and evaluated. Future work on this technology includes
improving capacity and run time, optimizing process parameters, and modifying the
electrolyte for low temperature performance. Solid polymer lithium-ion is still a young
technology and is not readily available on the commercial market.

Primary lithium manganese dioxide batteries using the Ultralife Thin Cell technology
are also being developed for ballistic telemetry applications. Prototype batteries have
been built and successfully flight-tested on KE and artillery projectiles. Batteries are also
being built for rocket applications. Future work on this technology include improving
shelf life, modifying the electrolyte for improved performance in high spin applications,
and designing internal safety features such as a shut down separator.

The prototype batteries described in this paper have been designed for use with existing
commercial telemetry subsystems. Typical working voltages for these products range
from 12 to 24 Volts. Future HSTSS products are being designed to operate at much lower
voltages (3 to 5 volts). This will allow for more efficient battery designs that can fully
utilize the packaging flexibility of both battery technologies.
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ABSTRACT

The Microelectronics and Computer Technology Corporation (MCC) has developed a
rapid turn around process for fabricating multichip modules (MCM’s) called the Flexible
Manufacturing of MCM’s (FMM). The Army Research Lab (ARL) in co-operation with
the Applied Physics Laboratory (APL), has investigated the survivability of this
technology in high-g applications. Comparisons were made to other packaging
technologies by constructing a 3-channel digital recorder in this and two other competing
technologies.
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INTRODUCTION

Telemetry for projectiles such as artillery and tank fired rounds has always been a
challenging task. There is much less space available than on missiles. The available
volume in a standard ARL package replacing the nose fuse of an artillery projectile is
about 8 cubic inches. The space required for the battery, transmitter and antenna is 6.5
cubic inches, leaving only about 1.5 cubic inches for electronics and sensors. Available
volume is much less for a kinetic energy (KE) penetrator. Typically the only space



available is in the tracer well, which is about one quarter of a cubic inch. Clearly, high
density packaging is required.

A possible solution to the space limitations is to use a Multi-Chip Module (MCM). This
packaging technology uses unpackaged die interconnected to a substrate in which very
fine traces are placed. Typically MCM substrates are made using a set of photo-masks to
define the circuitry. The process is time consuming and expensive. It is also very difficult
to find a vendor willing to make the small quantities used for custom telemetry systems.

The Microelectronics and Computer Technology Corporation (MCC) has developed a
rapid turn around process for fabricating copper-polyimide MCM’s called the Flexible
Manufacturing of MCM’s (FMM). The advantage of this technology is that the substrate
comes with a weave of signal interconnection traces built in. Linking and cutting these
traces at the appropriate locations then programs, or customizes the circuitry required for
a particular application. The FMM process is perfect for the quick turn around and small
quantity requirements of custom telemetry systems. Once a design is standardized, it can
be transferred into a high volume manufacturing process with no re-design.

Space is not the only requirement that must be met. The environment in a gun-launched
projectile is very harsh. The launch accelerations start at 10,000 g’s for artillery and can
reach 100,000 g’s in an advanced KE penetrator. An artillery round can spin up from rest
to 18,000 rpm in less than 15 milliseconds. This is the main subject of this paper: can the
FMM technology survive these extreme conditions?

First the FMM process and its advantages are described. Next the high-g qualification
process is covered. Finally an implementation of a digital recorder designed to capture
the accelerations experienced by a projectile while it is still in the gun’s bore is presented.
This in-bore recorder design was duplicated with surface mount technology and another
MCM technology called MCM-D to explore packaging efficiency and other design
tradeoffs.

FMM TECHNOLOGY DESCRIPTION

I. MCM Rapid Prototyping Background

The generic base substrate consists of four metal and three dielectric thin film layers built
up on 96% Al2O3 ceramic. The bottom two layers contain diagonal interwoven strips
interconnected to form 4 different potential reference planes. The top two layers are used
for the signal lines which are formed by a weave type routing configuration utilizing
wiring segments 320 um long on each of the layers. The top metal layer also contains a
“sea” of 120 um octagon shaped wirebond pads on 320 µm pitch. Details of the “sea” of
bond pads and signal wiring layer are shown in Figure 1. Half of the bond pads are



connected directly, through vias, to the reference planes; the other half are designed to be
used as the signal wirebond pads and are used as the nodes for the custom FMM
autorouter. The top metal layer is gold, so that wirebonding can be done from ICs to the
bond pads. This MCM-D thin film technology produces lines of known impedance [1].
The characteristic impedance of the signal lines is approximately 50 ohms, the line
resistance is 1.5 ohms/cm, and the line capacitance is 2 pF/cm.

The transmission characteristics of the signal lines have been measured using Cascade
Microtech coplanar wafer probes and the -3 dB roll-off frequency was 900 MHz for a 46
mm long signal line structure, making these rapid-prototype substrates well-suited for use
in mixed signal applications [2, 5].

The MCM programming procedure consists of a laser direct-write process for both
subtractive and additive metallization. The subtractive, or "cutting," process is used to
divide the continuous X or Y substrate-long signal wires into shorter segments at the
narrow regions on the top surface, thus removing only a very small section of
metallization. The additive processes are then used to rejoin, or "link," the divided
segments into the design-specific nets, again by only adding small sections of metal. The
semi-custom wiring grid is designed to minimize the total number of laser operations that
are required to implement an MCM design, basically 1 link and 2 cuts to turn each 90
degree corner, or 1 link and 1 cut to connect to a net node or substrate bond pad. This
leads to the lowest cost with the highest reliability.

MCC developed an autorouter for use with this generic pre-fabricated thin film multi-
chip module technology, (A recent version autorouter for use with Windows based PCs is
now available). The router has been integrated into a design tool that facilitates rapid
turn-around of MCM designs. The tool routes the MCM and generates the cut and link
control files used to program the substrate.

In going from prototype volumes to higher volumes, neither the chip placement nor the
wiring topology is changed. Only the customization process differs, in that a photomask
and an IC type photoaligner are used to pattern the top metal layer of the substrate. Thus,
the performance insights gained from prototyping are directly transferable to higher
production quantities[3].



Figure 1.  Micrograph (left) and schematic (right) of the MCM signal wiring layers.
The layout includes a “sea” of bond pads with a 320µm period.  A link and a cut are
shown, connecting a signal line with a bond pad.

II. Rapid Prototype Flip Chip Development

To enable flip chip bare die assembly, rerouting from the fixed bond pad grid of the
MCM wiring layer to landing pads is required. A new process was developed to perform
this function without the use of photomasks[4]. This "reroute layer" process has been
expanded to create solder pads for surface mount technology (SMT) devices and I/O
wiring. Figure 2 is a micrograph of a substrate with an SMT capacitor attached.

Figure 2.  Micrograph of SMT capacitor attached to “reroute layer”.
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HIGH-G QUALIFICATION

The ARL shock table was utilized to pre-qualify the MCC FMM substrate for high-g
applications up to 30,000 g’s. This simulator uses elastic cords to accelerate a test item
mounted to a table. This table strikes an anvil covered with a thin felt mitigator. The
resulting deceleration shocks the item under test with loads of up to 30,000 g’s. Figure 3
is a diagram of the simulator.

The first tests of this substrate were of a bare substrate mounted to a stainless steel plate.
The purpose of these tests were to verify that the internal structures (links, cuts, vias and
signal lines) of the FMM substrates would survive high-g accelerations. Failures
associated with the adhesion of the ceramic MCM to the stainless steel backing plate
were experienced until an adhesive with the correct properties was found. The adhesive
that provided the best survivability was Torr Seal by Varian Vacuum Products. With Torr
Seal the substrates survived reliably to 30,000 g’s.

The next phase of the program was to test the substrate with a simple circuit consisting of
a 7404 hex inverter and a capacitor. This is the same circuit as shown in Figure 2. The
wirebonds were done with a ball bonder and were made with 1-mil gold wire. The
wirebonds were covered in glob-top to protect them in handling. The purpose of these
tests was to verify that the customized copper-polyimide interconnect, standard die
bonding and wire bonding practices could survive high-g loading. The substrates were
exposed to shocks of up to 30,000 g’s with no die attachment or wirebond failures.

The final test discussed in this paper involved mounting the MCM (with the circuit
shown in figure 2) to a printed circuit board to simulate how an MCM would actually be
mounted. Torr Seal was used to adhere the substrate to the FR-4 circuit board material.
30-gage wire was soldered from the I/O pads on the substrate to pads on the circuit board.
The circuit board and substrate were placed in a fixture and encapsulated in clear epoxy
(EnviroTex Lite). This is similar to how circuitry is actually packaged in a projectile, the
main difference being the type of encapsulant. The preferred encapsulant, Stycast 10 90-
SI, is black however, and makes inspection after testing more difficult. The assembly was
subjected to eight shocks ranging from 10,000 g’s to 30,000 g’s. No failures were
observed.



Figure 3. ARL shock table

IN-BORE DIGITAL RECORDER IMPLEMENTATION

I Circuit Description.

The final phase of this study was to implement a practical circuit in the FMM technology
and compare this package to other types of packaging. A 3-channel digital recorder was
chosen because it mixed analog and digital signals and was complex enough to be a
challenge to implement in a small package.

The circuit design was intended to capture data while the projectile was in the bore of the
gun. After the projectile clears the bore, the data will be sent back to a ground station via
an analog telemetry link. The circuit accomplishes this task by digitally recording the
data in memory when triggered by a g-switch. Once the data is stored, the memory is read
and converted back to an analog signal. To accommodate the limited bandwidth of the
transmitter, the data is read at one tenth the rate at which it was stored. Also, the data is
played back in a continuous loop to enhance the probability that the data will not be lost
due to an interruption of the telemetry link. Specifications for this design are 300kHz
digitizing rate at 12-bit resolution and 30kHz playback rate for an effective data
bandwidth of 60kHz.
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The design for the circuit was generated at ARL and sent to MCC for the manufacturing
of the substrates. The assembly and electrical testing of the MCM was done at APL. The
MCM was returned to ARL where it was mounted to a circuit board containing the signal
conditioning and power regulation. Figure 4 is a picture of the completed MCM attached
to the circuit board.

Figure 4. Completed In-bore Recorder.

II Comparisons to Other Technologies.

Two other packaging technologies were looked at to provide comparisons to the present
standard packaging and to the highest density packaging available.

Surface mount technology (SMT) is presently the most common form of packaging used
today. It provides a factor of 3 to 4 in packaging density over through-hole components.
ARL built a copy of the in-bore recorder circuit using SMT. This circuitry included the
same signal conditioning and power regulation that the MCM version used. As can be
seen from Figure 5, the MCM packaged circuit provided an overall packing density gain
of 4 to 1. The packaging density of the MCM itself was more than 25 times denser than
SMT.

Figure 5. MCM (left) and SMT (right) versions of the in-bore recorder.

MCM



The most aggressive form of die-level packing at this time uses an interconnect
technology called MCM-D in which the D stands for “deposited” dielectric and
conductor layers. This technology uses the same type of thin-film technology as the
FMM base substrates. The difference is that each circuit design requires a custom
interconnect design. APL agreed to build an MCM-D version of the in-bore recorder. The
process is still not complete but the design work is finished. The design, shown below in
Figure 6, is slightly smaller than the FMM design in actual area occupied by the IC
devices. The main difference is in the area taken up by the I/O pads. The FMM design
incorporates solderable pads while the MCM-D design uses much smaller pads designed
for wirebonding. The overall size of the MCM-D design is 1” by 0.86” and the size of the
FMM design is 1.25” by 0.86”.

Figure 6. MCM-D (left) and FMM (right) versions of the in-bore recorder MCM.
Both MCM’s are to the same scale.

MCM-D does have a small advantage in package density, but it is more time consuming
to implement. The FMM process is implemented on a generic substrate that is already on
hand. Typically, there is about a one week design phase and then a two to three week
manufacturing phase depending on whether or not a reroute layer is required. The MCM-
D process requires a minimum of eight weeks for a standard 5-layer design.

CONCLUSIONS

The MCC FMM technology is a viable solution to the requirements of modern high-g
telemetry systems. Preliminary testing has shown that it can survive the harsh
acceleration environment found in gun launched projectiles and can provide packaging
densities approaching that of the most state-of-the-art technology available today. The
quick turn around time associated with this technology makes it ideal for those tests
requiring a custom design in a small package as fast as possible.
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ABSTRACT

The U.S. Army’s Hardened Subminiature Telemetry and Sensor Systems (HSTSS)
program has engaged the M/A-COM Corporation to work in the development of a highly
accurate, crystal controlled telemetry transmitter chip set to be used in Army and other
U.S. military munitions. A critical factor in this work is the operating environment of up to
100,000-g launch accelerations. To support the Army in this project, M/A-COM is
developing integrated Voltage Controlled Oscillators (VCO) for L and S band, a silicon
synthesizer/phase locked loop (PLL) IC, and a family of power amplifiers. Lastly, the
transmitter module will be miniaturized and hardened using M/A-COM’s latest chip-on-
board mixed technology manufacturing capabilities. This new chip set will provide the
telemetry engineer with unprecedented design flexibility. This paper will review the overall
transmitter system design and provide an overview for each functional integrated circuit.

KEY WORDS

Transmitters, telemetry, munitions, high-g, voltage controlled oscillators, phase locked
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INTRODUCTION

In order to provide for the test and evaluation of smart munitions, the U. S. Army’s
Hardened Subminiature Telemetry and Sensor System (HSTSS) program is developing a
new generation of devices for in-flight instrumentation. Gun launched systems experience
high accelerations (high-g) during launch and are difficult to instrument. Rockets, although
they experience less acceleration at launch, also have a severe environment due to
vibration. Both are a challenge to instrument with today’s commercial products due to
volume constraints, system performance requirements, and budgetary issues. The HSTSS
program is developing the basic building blocks of a telemetry system utilizing
technological advancements from the wireless/portable commercial sector. The program is
developing sensors, data acquisition components, power sources, electronic packaging
techniques, and transmitter chip-sets. With this family of products the telemetry engineer
will have the design flexibility needed to instrument gun launched projectiles and other
advanced munitions of the future.

In October 1998, the M/A-COM Corporation was awarded a development contract for a
very rugged, small, low cost, transmitter chip set for ballistic telemetry applications.
Although some commercial transmitters exist for these types of applications, they typically
are large in size, expensive, and limited in performance. In order to provide greater
packaging and system flexibility, a highly integrated transmitter chip set is required. The
chip set is comprised of three major subsystems. They include a phase locked loop (PLL)
chip, voltage controlled oscillator (VCO), and family of power amplifiers (PA). A block
diagram of the transmitter system is shown in Figure 1. The design of each component
along with the manufacturing concept for miniaturization, environmental requirements and
a typical munition application will be discussed.

Figure 1.   Frequency Source Block Diagram.



HIGH G SHOCK ENVIRONMENT

The operating environment for ballistic munitions is severe. The payload of an artillery
projectile can experience setback accelerations as high as 30,000 g. An artillery projectile
can have spin rates greater than 300 rps yielding radial accelerations as high as 25,000 g
depending on payload location. Both maximum acceleration and spin are achieved in less
than 15 milliseconds. The range of a typical artillery projectile is 20 kilometers.

For this transmitter development effort the munitions have been divided into four
categories; missile/rockets, Large caliber (i.e. artillery), small caliber, and kinetic energy
(KE) projectiles. Table 1 summarizes the typical environment experienced by these
munitions. On-board instrumentation for all these munitions is required by the Army and
other branches of the military. This transmitter development will enable the designer to
make smaller and more reliable telemetry packages. This will allow for a greater number
of measurements to be made, as well as the realization of measurements that were
previously impossible due to size limitations.

Missile/Rocket Large Caliber Small Caliber KE

Setback
Acceleration

500 g 30,000 g 100 k-g 100 k-g

Spin 100 rps 300 rps 400 rps 50 rps

Range 2 km 20 km .5 – 2 km 2-3 km

Volume
(typ)

820 cm3 147 cm3 8 cm3 8 cm3

Table 1.  Summary of Typical Environmental Conditions.

THE TELEMETRY SYSTEM

The transmitter system design is driven from the contract specifications that were
developed by a team of tri-service engineers. General specifications come from the IRIG
106-96 Telemetry Standards. Listed in Table 2 are some of the major parameters requested
by the government team.



PARAMETER UNIT MINIMUM
VALUE

NOMINAL
VALUE

MAXIMUM
VALUE

Frequency
Stability

% 0.002

Turn on Time ms 20 30
Frequency (L
Band)

MHz 1435.5 1525.5

Frequency (S
Band)

MHz 2200.5 2290.5

Modulation
Type

FSK, FM

Data Rate
(digital)

Mbps 0.065 10

Deviation
Sensitivity
(selectable)

MHz/V .250 5

Supply Voltage Volts 3 12
Temperature Degrees C -40 +85
Acceleration g 500 100k
Output Power W .010 2
Package Type Die & SMT

Table 2.  Partial Table of HSTSS Telemetry Specifications (Low Power Systems).

OPERATIONAL OVERVIEW

  The transmitter chip set is comprised of a PLL, VCO, and a family of PA’s. The PA’s are
available in 100 mW, 250 mW, 1W, and 2W ratings. The VCO is the primary frequency
source and can be used in two configurations. The first is a simple free running VCO. By
selecting the appropriate resonator, the VCO can operate across both the L and S bands.
When coupled with a PA, this free running VCO provides a very small and inexpensive
transmitter. This type of configuration can be used for extremely limited volume
applications. In the free running mode, the 0.002% stability specification is not expected to
be met, though the VCO has been carefully designed for the best stability across
temperature.

The second configuration is the phase locked frequency source, with reference oscillator
and phase locked VCO. For this configuration, the operator can program the carrier
frequency using a four-wire bus. Programming can be accomplished by hardwiring the
control lines or by using a micro-programmer. Sixteen steps are available in increments of



0.5 MHz steps in the L-band and both the lower and upper S-bands. The PLL chip is being
designed with an on-board oscillator that can be used along with an external resonator. It
can also be bypassed for use with an external reference oscillator for greater stability. This
configuration is expected to easily meet the 0.002% stability specification as stated in
IRIG 106-96. To make the chip set even more versatile, the components are going to be
available in both die form and surface mount packages. With this type of architecture the
telemetry engineer can optimize the transmitter based on the system requirements.

MODULATOR/PLL

The PLL circuit to be used is shown in Figure 2. It uses a fairly standard topology that
phase locks the VCO to a reference oscillator using a phase detector and frequency
divided signal from the VCO. The use of a programmable divider allows the change of the
division ratio N, resulting in a new VCO frequency.

Figure 2.  Topology for Phase Locked Loop Circuit.

PHASE DETECTOR/LOOP FILTER: The IRIG and HSTSS specifications require
frequencies centered on 0.5 MHz. This requirement determines the phase detector (PD)
frequency as 500 kHz. The PD is to be a phase-frequency type detector, which allows for
fast acquisition (high bandwidth) and narrow bandwidth tracking. The loop filter is shown
in Figure 2 as F(s). Determination of the bandwidth of this filter is driven by conflicting
needs of fast acquisition and low data rate modulation. In order to quickly acquire lock, the
loop bandwidth must be high. At the same time, the modulation to be added to the VCO
must be added outside the loop filter bandwidth, or it will be nulled by the PD. The
tracking bandwidth was chosen to be 1 kHz and the acquisition bandwidth to be10 kHz.
The acquisition time is calculated by:
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Given the bandwidths chosen, and ~10 milliseconds relaxation time for the crystal
reference oscillator, the overall system is expected to acquire lock in less than 20
milliseconds.

Dividers /Channelization: The topology in Figure 2 uses a dual modulus prescaler. In
order to divide from L or S band, a prescaler would be needed; in order to allow for
maximum frequency selection, a dual modulus prescaler is preferred. By controlling both
the A register and the N register, the three bands of operation and 16 required channels in
each band (minimum) can be synthesized. Table 3 shows one channel scheme using 1
MHz channel spacing on 0.5 MHz channel centers to meet the IRIG and HSTSS channel
specifications for 16 channels. Some applications do not have external logic or controllers.
Programming is then accomplished by hard wiring the registers for a specific frequency.

The PLL IC will be fabricated using a silicon process. At the time of this writing, a
foundry has been chosen, the design architecture has been agreed upon, and transistor
level design is in progress. The loop filter will use externally loadable components for
maximum flexibility in integration for various applications. As with all other components,
the high g acceleration requirement must be kept in mind. Components with similar
construction have been tested at ARL for ability to withstand high shock, and have been
found to be reliable (Ref 3).

Channel PD freq.
(MHz)

P N N binary A A binary VCO freq. (MHz)

       1       0.5       12      240 11110000        1    00001           1440.5
       2       0.5       12      240 11110000        3    00011           1441.5

3 0.5 12 240 11110000 5 00101 1442.5
4 0.5 12 240 11110000 7 00111 1443.5

… … … … … … … …
14 0.5 12 240 11110000 27 11011 1453.5
15 0.5 12 240 11110000 29 11101 1454.5
16 0.5 12 240 11110000 31 11111 1455.5

Table 3. Channelization for L Band, 1 MHz Steps.

VOLTAGE CONTROLLED OSCILLATOR (VCO)

The VCO will be constructed separate from the PLL IC. This again allows for maximum
flexibility in integrating frequency sources for various applications. At the time of this
writing, a VCO ASIC is undergoing fabrication using an heterojunction bipolar transistor
(HBT) process. The specifications that drive the VCO are shown in Table 4. The VCO is
required to have 100 MHz bandwidth. In order to have a design capable of operating in
either L or S band, a broadband active device is used with external resonator and internal



or external varactor tuning diode. Loading options for varactor and resonator allow the
VCO to operate in either L or S band. Based on spice simulations the free running stability
of the VCO is expected to be better than 0.5% over the operating temperature range. The
die and packaged part can be seen in Figure 3.

Specification Unit Value                        Comment
Frequency Range MHz 1435 – 1535

2200 – 2300
Tune with external resonator elements.
Internal varactor may be bypassed.

Tuning Voltage volts 0.5 - 3.0
RF output power dBm 10
Supply Voltage volts 3 Allow 20 % drop while operational
Operating temperature degrees C -40 to +85

Table 4.  Partial Table of VCO Specifications.

Figure 3.  VCO Die Layout and MSOP-8 Package.

POWER AMPLIFIERS

The nominal power output of the frequency source is 10 milliwatts. In addition, a family of
cascadable power amplifiers is being developed to provide 100mW, 250mW, 1W and 2W
output power. The 100 and 250mW amplifiers are to operate from 1.4 to 2.4 GHz at 3V.
At the time of this writing, both the 100mW and 2W components are in fabrication. The
250mW component is still in the design phase.

100mW Low Power Amplifier: The die outline and package layout for the 100mW low
power amplifier is shown in Figure 4. This amplifier is matched to 50 ohms at input and
output (<2:1 VSWR) and is designed to use the 10mW output from the VCO as its input
drive. The PA operates across the 1.4 to 2.4 GHz band, and is expected to operate in a
saturated mode at >20dBm output. The driver amplifier is fabricated from a GaAs HBT

 1 mm2



process, which allows for single supply operation with good efficiency. It will be available
as bare die for chip-on-board operation or as SMT in an MSOP8 package.

                 (1.3 x 1.0 mm)

Figure 4. 100mW PA Die Outline and MSOP-8 Package.

2 Watt Power Amplifier:  The 2W power amplifier will be two separate chips for L and S
band and operate at 8 volts. The 2-watt amplifiers are being constructed using standard
M/A-COM FET processes. When operated at 5 volts the 2-watt amplifier provides 1-watt
of output power. The 2-watt power amplifier is expected to operate at better than 35%
efficiency. As with the other components, the amplifiers will be tested for survivability in
high acceleration environments. Puck packages similar to those to be used have been
mechanically tested under high g accelerations at ARL and were evaluated by the M/A-
COM Reliability Lab. The package showed no signs of damage (Ref 4).

QUARTZ REFERENCE OSCILLATOR

The key to meeting the IRIG 106-96 frequency stability specification of 0.002% over
temperature is in the reference oscillator. Providing small, reliable, and affordable quartz
crystal reference oscillators for high-g applications has been an on-going challenge. The
challenge involves finding a crystal fabrication process and a mounting structure that can
withstand the extreme accelerations without a permanent frequency shift or severe
damage. A less rigid mount can dampen acceleration effects on the crystal; unfortunately
this also affects the high Q which is the crystal’s most important parameter.

In May of 1999, the Statek Corporation was put under contract to the HSTSS program to
develop both a quartz crystal resonator and quartz crystal oscillator specifically for high-g
telemetry applications. These components will provide frequency control for the HSTSS
transmitter and clocking for the HSTSS data acquisition chip set. The quartz resonator will
be packaged in a surface mount ceramic package. It’s target size is 0.197”L x 0.072”W x
0.045”H. The oscillator, which employs the crystal resonator is to be less than 0.35”L x
0.27”W x 0.13”H. The oscillator will have both sine and square wave outputs, at 20MHz,



with 20 PPM stability over a –40 °C to +85 °C temperature range. Both components are
being designed to survive the ballistic and missile environments.

TYPICAL APPLICATION

There are many applications where a telemetry system is needed, but available volume is
extremely limited. A prime example of this is instrumenting a kinetic energy (KE) rod as
shown in Figure 5. This long, thin solid rod has very little volume for a telemetry system.
The only locations available are in the tracer-well of the fins and possibly in the nose. The
environment for this projectile is extreme with launch accelerations over 60,000 g and
propellent flash temperatures greater than 2500 °C. Because of the volume limitation and
extreme environmental conditions there have been very few telemetry systems built and
successfully flown on this munition.

Figure 5.  Kinetic Energy Rod.

The ARL has been tasked to put a telemetry module into the nose of an advanced KE rod.
The telemetry system will be used to monitor on-board electronics. The volume available
is 28cm3 (2cm d x 9cm h). This virtually eliminates all presently available commercial
telemetry transmitters. ARL has designed and is fabricating a single channel system using
a hybrid transmitter and an HSTSS battery. This single channel system requires all of the
available volume as seen in Figure 6. The transmitter alone requires more than 1/3 the total
volume. The M/A-COM transmitter, along with other HSTSS components, will make it
possible to build a multi-channel system in less than 1/3 the present total volume.

Figure 6.  Advanced Kinetic Energy Telemeter.



SUMMARY

The M/A-COM transmitter chip set is going to provide the telemetry engineer with
unprecedented design flexibility. It has a frequency response better than 10 MHz,
programmable deviation sensitivity, in-band channel selectivity for both L and S bands,
and a choice of power amplifiers. When used with a 20-ppm resonator the transmitter is
IRIG 106-96 compatible. All integrated circuits for this chip set will be available in both
die form and surface mount packages. The estimated die sizes and supply requirements for
each component are summarized in Table 5.

Size (mm) Supply Voltage (Vdc) Supply Current (mA)
VCO 1.0 x 1.0 3 30
PLL 3.3 x 1.9 3 25

100 mW 1.3 x 1.0 3 150
250 mW 1.0 x 1.5 3 330

2 W 3.0 x 2.5 8 (2W)  &  5 (1W) 800

Table 5.  Summary of Chip Sizes and Power Requirements.

Prototypes of the VCO, PLL, and PA devices are to be evaluated during the summer of
1999. Final product delivery for these components is expected in November of 1999. In
addition to the components, M/A-COM is producing fully integrated transmitter modules
using their proprietary MCM-L technology. The modules are going to be configured for S-
band operation and will utilize the Statek quartz crystal reference oscillator. These
modules are currently scheduled for a March 2000 delivery.

Under the HSTSS program M/A-COM is working directly with the Army Research Lab on
qualifying the components and microelectronic assembly techniques for high-g
environments. The most challenging design and manufacturing concern is the 100,000 g
acceleration survivability requirement. In order to meet this requirement, both robust
design practice and extensive reliability testing are being used.

In this paper, the operation and configuration of the chip-set was discussed. Details of the
PLL, VCO, and PA integrated circuits were reviewed. Plans for obtaining the reference
oscillator, and manufacturing the complete module, have been outlined. This work
represents a major advancement in the area of ballistic telemetry. This new transmitter chip
set, when coupled with other HSTSS products will allow for unique measurements, which
in the past were considered impossible.
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COMBINING SENSORS WITH AIRBORNE TELEMETRY
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ABSTRACT

Obtaining a projectile’s free-flight motion profile and its aerodynamic coefficients is
typically accomplished at indoor test ranges using photographic techniques synchronized
to timing stations. Since these ranges are relatively short, many discrete tests are
necessary to compile a complete understanding of the projectile’s behavior. When Time
Space Position Information (TSPI) is requested over long-range flights, it has been
gathered with expensive video, laser, and radar trackers. These can be inaccurate at times
and are limited to locations where the range equipment is able to track the projectile’s
entire flight. With the ever-increasing sophistication of ordnance, such as smart and
competent munitions that have multi-stage thrusting and maneuvering capability, it is
becoming increasingly difficult to make the necessary measurements using current
measurement techniques.

Microelectromechanical Systems (MEMS) sensors and other electro-optical and
magnetic sensors referenced to the sun and earth allow the projectile’s angular rates
(spin, pitch, and yaw) and accelerations (axial and radial) to be measured throughout the
flight. These sensors have been packaged into miniaturized telemetry instrumentation
systems and placed within empty voids of the munition or in place of the fuze or warhead
section. By combining this sensor data with a 6-DOF trajectory code, many of the
projectiles aerodynamic coefficients including drag, static moment, and damping moment
over a large Mach Number range and over multiple flight paths have been obtained.
These techniques decrease the number of test shots required, reduce the complexity of the
test setup, and reduce the test costs. Test data from instrumented tank, artillery, and
rocket flight tests are presented in this report to show the current capability of making in-
flight measurements using telemetry-based techniques.

KEYWORDS

sensor, microelectromechanical systems (MEMS), flight test, high-g, inertial
measurement unit, aerodynamics



INTRODUCTION

The Advanced Munitions Concepts Branch (AMCB), U.S. Army Research Laboratory
(ARL), has been providing in-flight measurements of direct- and indirect projectiles,
rockets, and missiles using customized FM/FM analog telemetry systems to transmit the
data for nearly 20 years. AMCB has worked with many U.S. Department of Defense
(DOD) agencies, U.S. military contractors, and military services from NATO friendly
countries to mix and match various sensors, transmitters, antennas, and power supplies
for the desired measurement application depending on the space available, g-loading, and
other environmental conditions. Recently, the Hardened Subminiature Telemetry and
Sensor System (HSTSS) Program that is jointly sponsored by the DOD and the U.S.
Army, has been developing and demonstrating a new generation of high-g technologies
to support these airborne, gun-launched test measurements (Faulstich et al. 1996,
D’Amico 1998). Major thrusts are being made to increase the capabilities in the
following areas: transmitters, power supplies, electronic packaging, and sensors. The
following report briefly summarizes the measurements that can be made today, describes
the ground and flight test capabilities, and describes the future trends in range
measurement techniques.

MICROMACHINED SENSOR TECHNOLOGY

Today, there are about ten manufacturers making MEMS accelerometers, primarily for
the automotive air bag market. Analog Devices (AD) was one of the firsts to manufacture
such a low-cost surface-micromachined direct-current (DC) accelerometer. The device
comes complete with all conditioning circuitry built onto the same chip. Their
accelerometer line and measurement ranges have been expanding from the ADXL05 and
ADXL50 in a 10-pin T0-100 metal can, to the newer ADXL105, ADXL150, ADXL181,
and ADXL190 in a 14-pin ceramic package. They currently range from 5 to 500 g’s.
Performance specifications for making in-flight measurements are close to those required
for T&E applications. Prices for these accelerometers are about $20. AMCB obtained a
small quantity of accelerometers to demonstrate high-g launch survivability and
subsequent operation in low-g flight environments typical of artillery projectiles. MEMS
accelerometers from Motorola and Endevco have also been ground and flight-tested with
much success. Still others have been surveyed for their performance specifications, but
not yet tested. There is interest in making inbore acceleration measurements but there
isn’t a commercially available MEMS device that measures up to 100,000 g’s.

MEMS rate sensor development is trailing that of the accelerometers predominantly
because they are electronically more complex. There are a few companies with products
that are available. Research and development, fueled by the auto industry, is directed at
active handling and platform stabilization systems. Auto specifications for the gyro’s bias
stability is 1 °/sec. When temperature compensated, these devices are approaching those



needed for rocket/missile IMUs but are still an order of magnitude away from projectiles
with long flight times that require higher performance.

Another commercial market for rate sensor that has grown considerably in the last few
years is the camcorder industry. Image stabilization is becoming almost a standard
feature for most analog and digital video cameras. The most common method of
measurement of either tuning fork or other vibratory device uses the Coriolis force. An
example is Murata’s triangular prism, which has been shown to survive over 100 g’s and
capable of measurements past 300 deg/s. Such devices have been shown to be suitable for
limited test and evaluation purposes in military applications.

Defense Advanced Research Projects Agency (DARPA) MEMS is supporting the
production of such a micromachined silicon inertial rate sensor. A MEMS gyroscope was
developed through an alliance between Boeing North American (now Honeywell) and
Draper Laboratory, as reported by Connelly and Brand 1997. The project’s intent was to
transition the MEMS technology from a research and development environment into a
COTS product. AMCB was a DOD advisory member to identify potential military
applications. The Technology Reinvestment Program will identify the necessary
modifications to the packaging and performance through testing of the automotive quality
gyros. Prototypes have undergone extensive qualification testing at Boeing. AMCB was
given a sample to test in May 1997. The intent was to verify Boeing’s preliminary
performance specifications and perform additional specialized tests designed to check the
gyroscope's capabilities as an IMU for strapdown projectile applications.

On rolling projectiles, the influence of spin on accelerometers and gyroscopes is dramatic
as will be evidenced in other sections of this paper. A measure of the projectile’s spin rate
will be required to compensate for these spin-induced errors. Magnetometers are being
utilized to determine the spin rate and roll position. The SCSA50 is a miniature, low-cost,
magnetic angular rate sensor that is capable of providing one count per revolution of a
projectile spinning in space. Under an engineering services contract, sensors were
supplied to AMCB for gyroscopic, high-g shock, performance, and flight testing with
good results reported by Davis et al. 1997. Sensor Applications designed the sensor using
giant magnetoresistance ratio (GMR) materials. The sensor is capable of providing both a
digital and an analog output, referenced to half of the supply voltage. The expected cost
of the sensor will be around $50 in low volume. Magnetic spin sensors, with resolution in
the nanoTeslas, are also under development. DARPA is currently funding a MEMS
magnetometer effort. This work is headed by Johns Hopkins Applied Physics Laboratory
(Wickenden et al. 1997).



HIGH-G SHOCK TESTING

The harsh launch and flight environments of gun-launched projectiles, including high
accelerations, pressures, temperatures, and vibrations, make it difficult for on-board
sensors and electronics to survive and function properly. Therefore, components are
routinely subjected to a laboratory simulation of launch accelerations on a shock table
and then graduate to an air gun to assess survivability limitations. Over the past few
years, a number of MEMS accelerometers have been shock tested. Due to the their small
size and low mass, results have shown durability better than expected.

Unpowered ADXL05 and ADXL50 accelerometers were tested on AMCB’s IMPAC66
HVA shock table during tests performed by Davis. This machine uses high-pressure gas
to raise and lower a drop table. An elastic cord assists in pulling the drop table toward the
anvil. The machine has the capability of producing up to a 35,000-g environment. The
acceleration is controlled by the height that the table is released from and the thickness
and type of damping material placed between the anvil and the drop table.
Accelerometers were oriented in both the axial and transverse orientations within an
aluminum fixture and subjected to shocks up to 35 kg’s with <1-ms duration. The shock
amplitude was increased with each test until failure occurred. Minimum shock with a
failure occurred near 20 kg’s. Even with limited sample size, it was clearly evident that
these accelerometers were consistently able to survive extreme artillery-level gun launch
accelerations.

Follow-on air gun tests showed further resilience to shock. The test consists of
independent launches of an aluminum carrier body by a 4-in high-pressure air gun. After
exiting the tube, the carrier body impacts a mitigator and momentum exchange mass to
cause the deceleration of the carrier. Various mitigator designs are available to tailor the
impact-pulse amplitude, rise time, and duration. A limited number of units were shocked
up to 95 kg’s with 1-ms duration. Failure occurred at a minimum shock of 50 kg’s. When
failure did occur, the cause was by stiction or a detached beam.

More recently, ADXL150 and ADXL181 accelerometers have been shock-table and
airgun tested with more elaborate test setups. Accelerometers were powered and their
output was recorded. Figure 1 shows the raw data for a typical accelerometer before,
during, and after shock-table testing. The initial 0-g bias level was 2.5 V. The
accelerometer was clipped during the shock but then recovered. It rang during vibrational
movement of the table until it settled. Scale factor errors and 0-g bias shifts were
measured and found to be minimal. This agreed with air-gun tests of unpowered
ADXL150s and ADXL181s performed by Brown and Davis (1998).
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Figure 1. Accelerometer output from shock-table test.

FLIGHT INSTRUMENTATION PACKAGES

Tank, artillery, missile, and rocket bodies have been instrumented with customized
telemetry packages without major modifications. The instrumentation is placed within
voids of the projectile or in place of the fuze or warhead section. Many different munition
types have been instrumented to obtain flight data. Figures 2 through 4 show three
examples of munitions tested along with their instrumented telemetry sections. Brown et
al. (1996) flight-tested rockets with yawsondes, accelerometers, and strain gages, shown
in Figure 2. Davis et al. (1997) flight-tested artillery projectiles with accelerometers in
axial and radial orientations, shown in Figure 3. Figure 4 represents recent HSTSS
miniature packaging and sensor accomplishments through the flight testing in a tank
munition. These three examples utilized a variety of transmitter and power supply
options.

                    
Figure 2a.  2.75-inch rocket. Figure 2b. Instrumented rocket warhead section.

                                                   
Figure 3a. Artillery projectile. Figure 3b.  Instrumented NATO standard fuze.

                             
Figure 4a.  120 mm tank kinetic energy projectile. Figure 4b. Instrumented tracer-well section.



In designing an instrumentation package the outside configuration and physical
characteristics (i.e., mass, moments of inertia, and center of gravity) of a particular
munition are maintained. Both computer-aided design (CAD) and finite-element analysis
(FEA) are tools used in assuring similitude.

Prior to testing, the physical measurements including weight, center of gravity (cg) from
base, axial moment of inertia, and transverse moment of inertia are measured. Sensor
calibrations that yield the individual sensor scale factor, bias, and exact location (position
and orientation within the flight package) are also performed. This information can be
used to generate the theoretical sensor output when combined with a 6-DOF trajectory
simulation program and a sensor model. Using this simulated output and the resulting
field data, comparisons to the in-flight sensor measurements can be made.

Test range instrumentation at the gun site may include tracking radar, muzzle
velocimeters, breech/chamber transducers, and copper crusher gages. A telemetry
instrumentation van, manned by AMCB and other required personnel, is used to acquire
the telemetry data.

IN-FLIGHT SENSOR MEASUREMENTS

Conventional ARL yawsondes employ two optical sensors to determine the motion of the
projectile with respect to the sun. A diagram is shown in Figure 5. A typical yawsonde
consists of two or more sensors, electronic boards for processing, a telemetry (TM)
package including an antenna for transmission of data, and a power supply. The most
typical configuration of the yawsonde is a nose-mounted system to match a nominal
artillery fuze shape. An FM/FM telemetry system transmits sensor data to a ground TM
receiver. The raw data are a series of pulses (positive and negative) that measure times at
which an optical sensor is aligned with the sun. These data are processed to give a solar
aspect angle (Sigma-N) and the solar roll rate of the projectile. Sigma-N is defined as the
magnitude of the included angle between the roll axis and the solar vector, with both
beginning at the center-of-gravity of the flight vehicle (see Figure 5). The Sigma-N data
contain the peak-to-peak angular motion of the projectile about the trajectory. The
Sigma-N data can be further demodulated to provide the fast-mode (nutation) and slow-
mode (precession) rates. The following steps are required to fabricate and test an
instrumented yawsonde projectile: installation of the optical sensors within a flight
vehicle, calibration, launch window simulation, flight testing, and data reduction.

A sample of yawsonde data is available for spin-stabilized projectiles. Figure 6 represents
an artillery round exhibiting a nicely decaying spin history. The yaw history is typical of
a spin-stabilized shell with a slight slow-mode limit cycle. Both the fast- and slow-mode
motion can be observed for the artillery round.
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Figure 5.  Depicted yawsonde measurement.
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              Figure 6a.  Artillery flight motion.            Figure 6b.  Artillery solar roll rate data.

Other sensors have been flight tested in place of or in combination with the yawsonde.
The g-ranges and frequency bandwidths vary depending on the application. A number of
artillery projectiles and rockets were instrumented with axially oriented accelerometers
(Davis 1997, Brown 1996). The accelerometer has been shown to measure the axial or
radial acceleration in the presence of spin (Davis 1998). Figure 7 shows test data from an
axially oriented ADXL05 on board an artillery projectile. The acceleration curve was
compensated for spin-induced effects using the lab calibration information and the on-
board magnetic spin sensor data. A 6-degrees-of-freedom (DOF) trajectory simulation of
the accelerometer’s output while on board the artillery projectile was also performed. The
accelerometer’s cross-axis sensitivity, misalignment, and the location away from the
projectile’s CG and spin axis were measured from laboratory measurements or modeled
from the manufacturer’s specifications. In Figure 8, the fit of the spin-compensated
acceleration output was compared to a fit of Weibel radar data that had been corrected for
gravity and slant range effects and to a fit of the simulated data. Very good agreement
was observed. Small differences between the three were observed but were accounted for
in the analysis.
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Figure 7.  Axially oriented accelerometer output.        Figure 8. Accelerometer and radar comparison.

Radially oriented ADXL50 and ADXL181 accelerometers were flight tested on board
artillery projectiles. Data was available at muzzle exit through ground impact. Figure 9
shows the radial acceleration from an ADXL181 in flight. The DC shape is
predominantly a measure of the centrifugal acceleration as seen by the centrifugal force
calculation overlaid on the accelerometer’s output. After removal of the centrifugal force,
the remaining oscillating part corresponded to the projectile’s yawing behavior
modulated near the spin frequency. The large radial acceleration amplitude near the
beginning is due to tipoff.

Magnetometers have been flight-tested in munitions. The magnetometer can measure the
projectile’s roll rate and its yawing angle relative to the earth’s magnetic field. The
magnetometer requires direct exposure to magnetic field lines and must be fired along the
proper firing direction relative to field lines. This reduction technique is not as accurate
as the yawsonde’s but offers the advantage of not having the sunshine limitation. Figure
10 shows excellent comparison to the yawsonde data.
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OBTAINING IN-FLIGHT AERODYNAMICS

The PC-YAWSONDE data reduction system is a personal-computer (PC) based program
for the reduction of radar and yawsonde range data to extract aerodynamic coefficients
and thrust profiles. This data processing system was developed by ARL and Arrow Tech
Associates (Whyte and Mermagen 1972; Whyte and Steinhoff 1993). Experimental data
from a series of trials with the 2.75-inch have been analyzed using the PC-YAWSONDE
system and are used as an example (Brown et al. 1997).

The radar and yawsonde data are combined with the projectile physical data (weight,
center of gravity, and moments of inertia), physical test setup data, and meteorological
data. All data are combined with a 6-DOF fitting program to obtain drag and moment
coefficients. Estimated aerodynamic data are used to start the fitting process. The
measured roll, one-dimensional angular motion, and radial velocity data as a function of
time are used to obtain a unique fit of the data, thus implying the necessary forces and
moments to have caused the measured motion. From these fits, estimates of the drag,
static moment, and damping moment are obtained at particular Mach numbers for the fits.

Atmospheric table computation is utilized when meteorological (MET) data as a function
of altitude are not measured. Minimum requirements for the computation are Sea Level
pressure (millibars), temperature (C), wind direction (degrees from north), and velocity
(m/s). A 6-DOF simulation is used to simulate the motion of the initial guess
aerodynamics, simulate the observed motion, and validate the yawsonde analysis process.
After MET data, sun position, and initial aerodynamic profile have been entered; the
range data are investigated. The radar position, with respect to the gun, is recorded to
correct for any offsets (parallax errors).  The spin, yawsonde data, and Doppler radar data
are combined to a common time scale. From this point, a linear theory analysis is
performed over the first few seconds of flight to produce a starting solution for the
modified 6-DOF. The fitting of the simulated motion to the measured motion can be
minimized via automatic iteration of various unknown aerodynamic coefficients. In this
manner, the coefficients are manipulated to fit the measured data.

The fitted experimental data shown in Figures 11a-b is the first stage of processing. From
these fits, the aerodynamic coefficients are obtained (Figures 12a-b). The quality of the
match to the experimental data for these trials is 0.52 m/s for velocity, 0.50 rev/s for roll
rate, and 0.14 degrees for sun angle. The limiting factor on the extent of fitting the sun-
angle data was the small amplitude of the motion for much of the flight time. However,
where angular motion was observed, the motion was matched and aerodynamics
extracted.
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     Figure 11a. Velocity vs. time.    Figure 11b. Sun angle vs. time (Mach 0.5).
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            Figure 12a. Axial Force Coefficient.     Figure 12b. Pitching Moment Coef. Derivative.

SUMMARY

Telemetry systems provide a valuable tool for flight diagnostics. A telemetry system
gives a true measurement of actual flight characteristics without the influence of a sting,
as in wind tunnel testing, without the expense of a time-consuming computational fluid
dynamic (CFD) analysis of such a complicated geometry, and without numerous Mach
number tests at indoor ranges required to define the aerodynamic characteristics over the
full trajectory. This technique decreases the number of test shots required, reduces the
complexity of the test setup, and reduces the test costs.

Examples have shown that telemetry packages can be placed within empty voids of the
munition or in place of the fuze or warhead section while maintaining projectile
characteristics. Yawsonde, accelerometer, and magnetometer sensors have been
incorporated into these telemetry packages, providing in-flight acceleration, rate, and
position measurements. By combining these sensor data with a 6-DOF trajectory code,
many of the projectiles aerodynamic coefficients including drag, static moment, and
damping moment over a large Mach number range and over multiple flight paths have
been obtained.

The costs for instrumenting projectiles with telemetry systems can range from $6,000 to
$15,000/unit depending on the sensors selected, quantity needed, and packaging
requirements. This price includes fabrication and data reduction. Additional fixed costs
will be charged for travel, documentation, telemetry support, and range support.
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INSTRUMENTATION AND LOGISTICS: INFLUENCING DESIGN AND
OWNERSHIP COSTS

Martin Phillips
US Army Simulation, Training, and Instrumentation Command

ABSTRACT

A program's success is measured by the three parameters of cost, schedule and
performance. This is true of any acquisition program, including instrumentation
development and procurement. The primary purpose of Logistics is to influence and
reduce the Total Ownership Costs (TOCs) to the Department of Defense while procuring
a supportable system that meets the customer’s needs. The time to influence the TOCs is
as early in the life-cycle of the program as can be done – where it is cheapest to affect a
“fix.”

This paper will briefly describe where Logistics influences ownership costs in the
acquisition process. Examples of cost drivers identified in the Hardened Subminiature
Telemetry Sensor System (HSTSS) program will be provided and the role of Integrated
Product Team (IPT) members in influencing and reducing the TOCs will be discussed.
This process is not just in the purview of the traditional logistician, but is also performed
by each member of the program's IPT. Each IPT member brings his unique knowledge
and experiences to the teams pool of corporate knowledge. Examples will be provided of
decisions made by the IPT that reduced TOCs.
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Total Ownership Cost (TOC), Integrated Product Team (IPT), Life Cycle, Logistics

INTRODUCTION

Instrumentation and Logistics: Influencing Design and Ownership Costs

The HSTSS instrumentation program is managed by PM Instrumentation, Targets, and
Threat Simulators (PM ITTS) procuring an instrumentation suite of components to be
used by tri-service customers at Navy, Air Force, and Army test ranges. With the backing
of the Army and Office of the Secretary of Defense (OSD), HSTSS is awarding and
managing contracts to develop power sources, transmitters, data acquisition chipsets, and
reference oscillators. When combined as an HSTSS system, or with other Inter-Range



Instrumentation Group (IRIG) standard test instrumentation, HSTSS gives the test ranges
improved and previously unavailable test data collection capabilities.

For the HSTSS program, the central requirement of the customer is an affordable, low
cost system (that does what he wants!). Since the HSTSS instrumentation is usually
consumed in the act of testing, a low acquisition cost not only makes sense, but falls in
line with the Army’s directive to consider Cost As an Independent Variable (CAIV) in
making acquisition decisions. The HSTSS program employs the IPT process, leveraging
team member areas of expertise and acquisition experience in applying this method. Each
member contributes his unique viewpoint, knowledge and experience toward a team
solution to reaching HSTSS requirement goals. The purpose of addressing you with a
“logistics” frame of reference is to demystify the concept of what Acquisition Logistics
brings to the product development team. Although your job title may not include the
word logistics, it doesn’t mean you aren’t also doing “logistics.”

The logical, scientific approach to problem solving is something common among all of
the professional fields. The purpose of Acquisition Logistics in the Government’s
procurement process is as early as possible to identify, plan for, and control the
program’s life cycle costs. Beginning with a defined need, a program’s life cycle ends
with the final disposal of that system. Government acquisition courses teach the concept
that 80 percent of the total lifecycle cost of a system is locked in during the initial design
phase. (See figure 1. “Typical System Life-Cycle Cost Commitment” 1). In settling on a
design approach, you will effectively remove from your ability to control, 80 percent of
what you will pay to use and dispose of a system. However, when you actually pay this
cost is after the system is designed, built, and put into use – when it is too late to cost
effectively influence and minimize your life-cycle costs. For the majority of programs,
the areas of calibrating, repairing, and operating the system is where costs usually occur.
Just think of your automobile – when you found out that GTO really stood for the Gas,
Tires and Oil you kept paying for, not the idea of Gran Turismo Omologato. For HSTSS,
a system that is routinely destroyed in the moment of use, it is even more important to
design it right the first time, as there is seldom an opportunity to repair the
instrumentation for re-use.

DISCUSSION

The HSTSS IPT approaches cost control from several directions at once. Logistics, a risk
(cost) evaluation process, balances known with unknown risks, and plans how to offset
and minimize future risks (costs). As a subset of Program Management, Logistics seeks
to identify, influence, and plan for the control of many of the same parameters followed
by the Project’s Director. Cost control being key to the program and Logistics, HSTSS
employs the following means to manage cost risk: 1) Well defined requirements,
scrubbed time and again, and prioritized according to time of need and importance. 2) A



well defined Request for Proposal (RFP) requiring specific cost drivers to be explained;
3) Defining a system design with requirements based on known and researched
technologies; 4) Leveraging existing and developing technologies, 5) deal with “flexible
“ program funding, and 6) perform the duties of Contracting Officer’s Representative
(COR). In short, all of this means “getting what you need.”

 1.  HSTSS crafted its RFPs from the needs and with the participation of the customer.
This was easy, since the customers are part of our IPTs. (See figure 2. “Integrated
Product Teams”). Each contractual effort (battery, transmitter, etc.) has its own IPT
which cross-talks, breaking down the traditional “stovepipe” structure – team members
are often common among multiple development IPTs. The RFPs are crafted after much
discussion and distilling of the customer’s needs and requirements. In structuring the
RFP, in particular the specification, statement of work, and Section B (listing just what is
being bought), the IPT requires the offerer to address development costs, unit costs, and
support costs in their design discussions. They are also asked to provide an analysis in the
Logistics sections showing where they perceive the cost drivers are in their offer and how
they intended to manage and reduce the risk of the cost drivers getting out of control.

 2.  The HSTSS IPT developed a preferred design concept favoring functional
component design rather than a single, all-purpose design. This is a good logistics
decision. This design facilitates the use of the logistics concept,“Modernization Through
Spares,”a type of Pre-Planned Product Improvement (P3I). As components fail, or
become outdated, they are more easily replaced or improved. This can be done without
having to replace/redesign the whole system (at a much greater cost) just as you would
replace your car’s alternator, rather than replace the whole car. In team meetings, in
addition to strictly technical merit, each design decision is also evaluated in light of cost
to the program, as well as the total life-cycle cost.

3.  HSTSS leverages the latest technologies. This is a good programmatic and logistic
decision, reducing the risks of achieving a successful design. Our building block system
design allows us to continually update and modernize the system as newer technologies
emerge and mature. Acquisition Streamlining advocates using commercial solutions
above all other choices. HSTSS leverages existing commercial products, as well as
developmental work found within the Government and without. By utilizing this
technology concurrent with its development, a form of Spiral Development, we are able
to shorten our development cycle while producing a near term solution for our customers.
The Government hopes that HSTSS technology can become commercial items. The
“economies of scale” we can realize from this will give the Government a good logistics
leg up, making re-supply easier and less expensive. This is a sound logistical decision
too. We have already been able to utilize commercially available acceleration sensors –
used in the automobile industry as air-bag sensors – and adapt them for use in the HSTSS



program. This is a good example of influencing the design “up front” where it is easier to
be flexible, and less costly to change the 80 % TOC.

These steps and methods seem self-evident when you hear them. Unfortunately, that
makes it easy to overlook their utility to development programs and the benefits they
offer you in reducing risk, cost and schedule.

SYNTHESIS

With the basic tenets discussed above as our foundation, the HSTSS program has been
putting the tenets into practicing . The HSTSS program currently consists of six
development contracts: Battery, Transmitter, Data Acquisition Chipset (DAC), Hardened
Crystal Oscillator, packaging techniques study, and GPS module.

In the RFP for each development effort, in addition to the standard Proposal Cost
Volume, the Proposal Technical Volume’s Logistics specification required the offerer to
explain why his proposed design was the most cost effective solution. During the
proposal evaluations, as each IPT member critiqued the offer, they read not just the
standard explanation of the technical approach, but Logistics provides their explanation
of why their technical approach is actually the best value to the Government. Assigning a
weighting factor for the Logistics Area emphasizes to the offerer the importance of this
Area to the proposal’s overall rating, and the importance of cost to the Government. The
days of big development budgets are gone. It is important for the offerer to discuss not
only why his approach to development is cost efficient, but he should also explain why
the design will be affordable once in production/sustainment. The figures and discussion
the contractor provides will often be the base on which logistics support trend analyses
will initially be performed. For HSTSS, winning proposals often demonstrated cost
consciousness, for instance, by demonstrating their intent to leverage existing and
developing technology in joint ventures, and not having to recreate that wheel.

Key to the development of HSTSS has been the strong IPT (Government and Contractor)
and its communication among members. Our team uses communication skills effectively
in meetings to scrub, and re-scrub the program’s requirements. HSTSS daily employs the
Internet, File Transfer Protocol (FTP) sites, Desktop Video Capability, etc., as means to
ease communication and exchange information. The ability to understand each others
technical area allows us to define our program requirements, combine or eliminate them,
prioritize them, and align the requirements with program resources (both financial and
manpower). This then enables the Project Director to define and manage a workable,
realistic program schedule that meets the customer’s needs. Our customers buy-in to this
because they are part of the IPT, crafting the program with us. Distilling the needs into
obtainable segments as a team has allowed us to make the most of our available funding.
For instance, the upper reaches of Hi-G tolerance that we hope to meet, 100,000G’s, has



been moved to future development. Although our customer’s need is valid, technology
isn’t mature enough to pursue that durability as yet, and instead, the program is
developing to an 80,000G requirement that is deemed to be more cost effective and
attainable. This near-term, attainable goal still meets our customer’s need, and gives us a
better value for our development monies and while meeting program and customer
schedules. Trading off requirements (prioritizing them) for cost and schedule is a logical
(logistical) choice.

Once the IPT settled on the requirement’s specification, the “industry approved “RFP is
crafted with the idea of identifying and controlling costs, and classifying the level of risk
involved. There was a free exchange of information between the Government and
Industry via the Internet that we used to develop the RFP’s with Industry input. This
avoided surprises on both sides! During this phase, it is easy to move development tasks
around and look for places to leverage technologies already some ways down the
development path. The fluidity of the system’s design allows early “paper” changes that
have little cost impact. For example, do you use a primary cell, or a rechargeable one?
HSTSS is developing both types. Decisions made now are locking in future program
costs. To solely develop one type of power source would have created design risk and
assured higher costs to use the HSTSS system. Do you go with one fixed solid power cell
design, or go with a flexible geometry power cell that decreases it need for a fixed
volume in which it must be installed. HSTSS is developing, and already using, both types
of cell geometry. These decisions early in the development program resulted from
identifying technical and performance risk, and investing early in multiple pathways of
development. Our program now has many ways to arrive at the same destination, a
usable, multi-configurable instrumentation suite of components. The logistician
contributes to influencing the design decisions with an eye towards the cost of using,
maintaining, and replacing the design through the life of the system. In parallel, he is
making sure the RFP allows the Government the means of purchasing the data necessary
to use and maintain the system – such as the commercial data sheets, training, operator
manuals and re-procurement data required. All this up-front activity locks in
approximately 80 percent of what it will cost to own and use the system.

The HSTSS program released an initial RFP with a design concept in mind that could
leverage existing and developing technologies. Based on the stated needs of our customer
base, it appeared that a single, multi-capable design would fulfill the Government’s
requirements. Our market surveys had shown that not only were there several potential
suppliers, but that commercial technology existed that could be combined into an HSTSS
product in a relatively short time. We had to revise our acquisition and design strategy
when we did not receive an affordable nor practical offer. Canvasing our customer base
yet again, we worked out a new approach for integratable component modules split
among several parallel development contracts. This change in strategy occurred early in
the life-cycle, early enough not to have a huge cost impact. Had this happened much



later, the cost to the program would have been huge and life threatening. This logical
readjustment was accomplished through the IPT interactive environment.

CONCLUSION

The logistician, the system engineer, the project director, the customer are common
factors in our program’s success. Each IPT member, utilizing: 1.) his knowledge about
the other member’s areas of expertise, 2.) “real listening” skills, 3.) inter-communication
skills, has been central to our success.

The logistician looks at the requirement, contributes to the design concept, and ensures
that data and support resources are procured, but so does everybody else on the team.
That is the point. All members of the IPT contribute equally and achieve success because
of the process we follow. The process is: 1) to define the requirement with the customer.
2) With the customer’s participation, the RFP is crafted and evaluated. 3) Leverage
existing technology using spiral development. 4) Make sure you get the data and support
you need to keep your system up and running, improving, and affordable.

So, don’t think that the world of the engineer is different from the world of the
logistician. We both ply our stock and trade using the basic tool of logical thought to
solve a problem. There is a difference in common sense, however. Please note that is was
the designing engineer that went down with the TITANIC, and not the logistician!
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figure 1. “Typical System Life-Cycle Cost Commitment” 1



figure 2.  “Integrated Product Teams”
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COMBINING GPS AND PACKETIZED TELEMETRY
CONCEPTS TO FORM A

 WIDE AREA DATA MULTIPLEX SYSTEM
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ABSTRACT

As testing requirements on the ranges require ever more sophisticated cross correlation of
data from multiple data acquisition sources, it becomes increasingly advantageous to
collect and disseminate this information in a more network oriented fashion. This allows
any of the data collected at physically separated sites to be used simultaneously at multiple
mission control or data reduction centers. This paper presents an approach that maximizes
the use of legacy communication paths and data reduction systems to support an
evolutionary migration toward the day when testing can take full advantage of commercial
communication protocols and equipment such as OC-3, ATM, etc. One key element of this
approach is the packetizing of data at each reception point to provide virtual circuit
switching using packet routing. Based on the newly adopted IRIG/RCC 107-98 standard,
the system may even be expanded all the way back to the actual sensors. The second key
element is the use of the readily available time and timing pulses based on GPS to establish
a uniform sampling interval that will allow the cross correlation of data received at
different points spread over a wide area.

KEY WORDS

Wide Area Multiplexer, Data Cross Correlation, Packetized Telemetry, Global Positioning
System, Multiplexer/Demultiplexer.

INTRODUCTION

This paper addresses the problem of collecting telemetry and other test range information
from multiple tracking sites and providing the ability to disseminate this data to multiple
reduction and control centers without the need to implement a zero based solution. In the
case where there are multiple telemetry down links of various forms (PCM, FM, 1553), a
data distribution system must be capable of handling a wide range of applications without
the need to reconfigure. An intelligent or adaptive system would seem in order.



An additional requirement to be addressed is the need to establish and preserve timing
information to facilitate cross correlation of the data sets. In order to accommodate
existing telemeters that do not provide embedded time data, or where there is no
correlation to source timing, a time of receipt stamp provides this minimum capability.
However, to support legacy systems of data display and reduction that will receive
multiple data sets, a mechanism must be established that permits reconstruction of the
original data streams with their data aligned as received.

This mechanism must be capable of being sustained over a variety of existing and future
links between the acquisition sites and the control center. Hardwire, fiber, microwave and
commercial carrier links each present unique transmission requirements and delay
environments. Lastly, the system must be able to provide filtering of unused data sets and
the collection of the resulting data into a single stream from which multiple reduction and
control facilities can pick and choose.

In summary, this paper addresses the need to construct a Wide Area Data Multiplex
system that links existing acquisition systems, transmission links and end user systems
with a minimum of impact on those systems.

DESIGN GOALS

Time Tagging

At each acquisition site, each data stream should be capable of adding time of receipt
information to the data. This should be done in a standard way that will allow the
maximum use of this information. With cross correlation of data being a key requirement
of the system, both for computer ingest reduction and real time strip charting for example,
it may be more important to establish a universal reference interval and time tag the data at
that marker rather than at each individual data set boundary which can be widely
separated, both in time and repetition rate.

Grouping Data Into Time Slots

By transmitting data in groups that correspond to this Sample Interval marker, stream to
stream time skew can be minimized at the end system’s reconstruction process, thus
preserving the cross correlation of data.
Expandability

To the greatest extent possible, the system should not preclude the inclusion of future data
types by designing a system based only on current requirements. The system must be a
data transport system, decoupled of pre- and post-processing requirements. Likewise, the



type of link between acquisition stations and the collector or concentrator site must not be
required to be a specific type. This will allow use of existing link facilities as well as
permitting future upgrades to be optimized per the new requirements. This applies to the
final distribution link of the composite data as well. It should support more paths and
higher data rates as required. This link must be readily upgradable without the need to
rework the entire system.

Use of Standards

The two existing standards applicable to this system are GPS timing and Packetized
Telemetry Data transport techniques. The GPS System provides uniform time data and
timing pulses to the globe and certainly meets the wide area criteria. GPS equipment is
inexpensive and expansive. It can be found at almost every acquisition site either as
equipment directly available or as the source of IRIG Standard timing signals used at the
site. In fact, the most widely used timing form, IRIG-B, is based on a 1KHz carrier that
can function nicely as a Sample Interval. A period of 1-2 milliseconds is a generally
acceptable system throughput delay for both data and range safety.

Packet Telemetry techniques are based on the CCSDS recommendation [1] and have been
successfully used to transport a variety of data types over a variety of communication
circuits. The RCC107-98 standard [3] adopted this technique for use in newer generation
airborne record systems and permits CPU ingest or data signal reconstruct. It has also been
used in high rate record systems for NASA to support orbital and sounding rocket
programs. As illustrated in Ref. [2] Packet Telemetry Services, CCSDS 103.0-B-1, as long
as data can be placed into digital form, Packetized Telemetry techniques can be an
effective transport mechanism.

SYSTEM DESIGN

Figure 1 presents an overview of a straightforward star configuration. Others are possible,
but this paper will detail the operation of this system. At each acquisition site, several
types and quantities of inputs are accepted. As each data is received, it is placed into a
ping-pong type of buffer. A typical approach might have been to align the data format with
the buffer and transmit the data at the end of each data frame. Rather than use such a
Buffered Service model [2], this system design is required to time align all the different
input formats and signals. To do this, the buffer is filled and emptied as controlled by the
system’s Sample Interval (1 ms.). Thus the first data in all the buffers are time aligned and
if the Sample Interval is GPS based, ALL the data sets across the Wide Area are time
aligned. Therefore, each millisecond the system is transporting the data received from all
the sources allowing for cross correlated reconstruction. To support computer ingest and



FIGURE 1

reduction, each packetized sample can be tagged with the time of the Sample Interval to
one of three resolutions according the CCSDS recommendations [4].

Now that all the data has been encapsulated into a Source Packet [1] (whose length is
determined by each input’s data quantity per millisecond), these packets can be collected
into a Transfer Frame [1]. The purpose of the Transfer Frame is to establish an easily
transmitted data format that can be applied to a wide number of transmission medium. To
accomplish this, the Transfer Frame format is fixed, its bit rate is fixed and its length is
fixed. Transfer Frames are transmitted in a synchronous manner. Thus, as the input bit
rates change from mission to mission, or sources go on and off line, there is no operator
intervention required as the Transfer Frame generator can dynamically insert and delete fill



packets to make up for unused link bandwidth. Typically a Transfer Frame can be
serialized as an 8192 bit frame with 32 bit sync marker.

Since the Transfer Frame includes Fill data as required, there is no connection between the
input data rates and the transmission link, other than sufficient link bandwidth must be
available to handle the maximum data rate of all the active channels. This transfer frame
data can then be randomized for microwave radio, fiber optics, or hardware transmission.
It can also be placed as payload data in DS1/DS3 or HSSI frames, ATM and OC3
communication links. At reasonably low rates, it can be cost-effectively transmitted by an
Inverse Multiplexer over ‘n’T1 links [5].

The next element of the system is a data concentrator. This accepts multiple site link
inputs, then buffers and aligns the data based on the Sample Interval. Each source packet
received from the various sites contain an identifier field which defines what input port
supplied the data. Additional information is available in the Transfer Frame header which
contains a ‘spacecraft ID’ field useable as a site identifier. By using both of these fields a
data concentrator can implement a pass/drop decision on the arriving data. Data to be
passed can be reassigned a new source packet ID and then combined with data from other
sites into a new, single Transfer Frame for distribution to the end user sites. The end
processors can base process/drop decisions on the new IDs. This provides the data
concentrator function with a mechanism to provide data routing when other system
topologies are implemented.

Through all this, each element buffers and operates on data sets of the same millisecond
period.

The final element of the system receives a copy of the concentrated data. It is programmed
to route selected data to its output reconstruct ports. Each port operates a ping-pong buffer
technique similar to the input multiplexer. While one set of source packets are being
sequentially loaded into each of the buffers, the output sections are outputting smoothed,
original rate, channel-to-channel aligned data.

An interesting fall out of this approach occurs when a data recorder interface is added to
this unit. All the live traffic can be captured to a disk or tape recorder and subsequently
replayed. If the replay is designed to reconstruct the bus transfers accurately, playback will
be indistinguishable from real time operations. Besides providing a backup capability,
simulations and training exercises based on actual data can be performed.



CONCLUSION

It has been shown that a wide area multiplexing system can readily be implemented that
will accept a wide range of data types since no decomposition of the individual streams is
required. The system is based on proven practice and technology readily available.
Transfer frames have been successfully used with and on a variety of links and recording
devices [6]. Data reconstruction after each transmission is currently in wide application of
equipment at the test ranges producing a smooth output PCM stream without loss of bit
count integrity. Bandwidth efficiencies of 95% to 97% are typically achieved using these
techniques. By designing the system within a modular approach that approximates the
layered OSI/CCSDS/IRIG 107-98 architecture models with individual printed circuit
modules, a cost effective system is realized that can be tailored to work with existing
acquisition, transmission and data reduction equipment.
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ABSTRACT

Two kinds of differential GPS (DGPS) technology on position differential GPS and
pseudo-range differential GPS are studied and compared in this paper. Positioning tests
by single GPS receiver, position DGPS and pseudo-range DGPS systems based on GPS-
OEM board are done. Experiment result indicates that position error is about 30 - 100
meters on single GPS receiver and position error is reduced to 3 - 10 meters on DGPS.
Furthermore, Developed DGPS system which is based on GPS-OEM has the advantages
of low cost, utility and flexibility, etc.

KEYWORDS

GPS (Global Positioning System), GPS-OEM (Original Equipment Manufacturer),
position DGPS (Differential GPS), pseudo-range DGPS

INTRODUCTION

In 1993, all of the 24 working satellites (BLOCKII) of Global Positioning System (GPS)
had been launched and begun to work. Now GPS is widely applied in many fields.
Generally, GPS offers two kinds of service, one is standard positioning service (SPS)
using C/A code and the other is precise positioning service (PPS) using P code. SPS can
be used by users all over the world for free, but the position accuracy for civilian GPS is
reduced to 100 meters (plane, 95% possibility) because of the SA (Selective Availability)
policy, a protective measure dealing with C/A code taken by the USA. So DGPS
technology is put forward to improve the real-time position precision to meter degree or
even sub-meter degree.

According to the differential correction message, DGPS can be compartmentalized into
position differential GPS and pseudo-range differential GPS. Both the position DGPS and
the pseudo-range DGPS can counteract the common error of the satellite clock,
ephemeris, ionosphere and troposphere, especially can eliminate the effect of the SA,
which can improve the real-time position accuracy from 100 meters to 3-10 meters.



THE SUMMARY OF POSITION DGPS

The position DGPS is the simplest differential method and any kind of GPS receiver can
be refitted into this kind of differential system. The coordinates of the GPS receiver in the
base station can be calculated by 4 satellites in view. The coordinates are different from
the known precise coordinates of the GPS receiver in the base station because of the
errors including orbit error, clock bias, effects of SA, multi-path and the atmosphere etc.
These errors constitute the coordinate correction message. Simultaneity, the base station
collects the user positioning data which is then corrected by above correction message.
So the corrected user position can be obtained and the common error (such as the error of
the satellite orbit, the effect of SA and the atmosphere ) is eliminated. But in this case, the
GPS receivers in the base station and the user GPS receiver must use the same group of
satellites for positioning.

HARDWARE CONSTRUCTION OF POSITION DGPS SYSTEM

The ONCORE GPS-OEM receiver produced by Motorola is easily exploited for the
second time. It outputs various binary data as long as the power supply is offered and the
GPS antenna is installed.

The following experiment is a position DGPS test in a fixed position. All the parts of this
system are connected by wire. The task of data processing in the base station is carried
out by the computer. The system is shown in figure 1:

 

Fig.1  The construction of position DGPS system

The base station is composed of VP GPS-OEM receiver, GPS antenna, TTL/RS232 level
conversion and computer. The user station is composed of VP GPS-OEM receiver, GPS
antenna and TTL/RS232 level conversion.
The computer of the base station receives position message via one serial port from the
GPS receiver. The binary format of positioning message output by the 8 channel VP
GPS-OEM receiver is:

@@Eamdyyhmsffffaaaaoooohhhhmmmmvvhhddtntimsd
imsdimsdimsdimsdimsdimsdimsdsC<CR><LF>

       BASE STATION  USER STATION

  VP
ONCORE

  PC  VP
ONCEOR



where
@@ denotes the start of binary message
Ea identifies the message type and implies the correct message length and format
Bianry Data Sequence after “Ea” is the message including GPS time reference,

receiver position, velocity and status of each channel
C (Checksum) is the exclusive-or of all bytes after the @@ and prior to the checksum
<CR><LF> is carriage return line feed demoting end of the binary message

The coordinate correction message is produced by this positioning message and the
precise coordinates of the base station. The original positioning data from the user
receiver is received via another serial port, and then the position of the user receiver will
be shown after being corrected by the correction message.

SOFTWARE FLOWCHART OF POSITION DGPS

All of the data processing on the position DGPS is carried out in the base station. The
software flowchart on inverted position DGPS is shown in figure 2:

Fig.2 Flowchart of position DGPS program in the base station

RESULTS AND ANALYSIS OF POSITION DGPS

Experiment condition
The position of the DGPS base station: the top of the YiFu Science Building in the
Beijing University of Aeronautics and Astronautics

Latitude:       39°58′50.447″
Longitude:  116°20′37.167″

Initialize the computer serial port

Continue
?

Start

Input known precise
position coordinate of
the base GPS receiver

Receive original position data
of the base GPS receiver

Calculate position
correction

Receive the user
position data

Correct user position
with position correction

   End



Baud rate: 9600 bit per second
The position correction rate: 5 seconds

The static positioning result and analysis
Two kinds of experiment were done, one with the position DGPS, the other without the
position DGPS. Fig.3 and Fig.4 give latitude and longitude distributing during a segment
time (1 hours)
where

X-axis presents time and its unit is 5 second
Y-axis presents latitude or longitude and its unit is 1″ (Notes: 1″ is about 30 meters)

Fig.3 Position result without position DGPS

Fig.4 position result with position DGPS

It can be found from above curve that longitude ranges from 116°20′35.0″ to 116°20′
39.0″and latitude ranges from 39°58′50.0″ to 39°58′53.0″ without position DGPS, so the
largest position error is ±5″ (about ±75 meters). But longitude ranges from
116°20′37.22″ to 116°20′37.32″ and latitude ranges from 39°58′50.32″ to 39°58′51.50″
with position DGPS, so the largest position error is ±0.12″ (about ±3.6 meters).
Obviously precision is improved by position differential GPS technology.
In many experiments, the positioning result is similar to above curve. In fact, as long as
the base GPS receiver and the user GPS receiver is within about 100Km, they will select
the same group of satellite for positioning, In this case, position DGPS has application
value.
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THE SUMMARY OF PSEUDO-RANGE DGPS

Pseudo-range DGPS is a technology applied widely currently. Almost all DGPS receivers
adopt this technology. Pseudo-range DGPS indicates that a standard GPS receiver is
placed on a point whose coordinates are known. Pseudo-range correction message from
the base station to satellite is obtained by the known precise coordinates and the pseudo-
range observation, The pseudo-range correction message is transmitted in real-time. The
user GPS receiver receives not only GPS satellite signal but also the pseudo-range
correction message from the base station, and then user GPS pseudo-range observation is
corrected. So the user GPS receiver’s position can be calculated precisely according to
corrected pseudo-range observation.

HARDWARE CONSTRUCTUION OF PSEUDO-RANGE DGPS

GPS receiver in the base station is VP ONCORE GPS-OEM produced by Motorola
company and the user GPS receiver is GSU-15 GPS-OEM produced by Kodem company.
The system composing frame diagram is shown in Fig.5.

Fig.5 Pseudo-range DGPS composing frame diagram

The base station is composed of GPS antenna, VP ONCORE GPS-OEM receiver,
TTL/RS232 interface conversion, computer, modem, radio and transmit antenna. The
user station is composed of receiver antenna, radio, modem, GPS antenna and GSU-15
GPS-OEM receiver.
Pseudo-range and pseudo-range rate correction data is output by 8 channel VP ONCORE
GPS-OEM receiver. Its binary format is:
@@CetttippprrdippprrdippprrdippprrdippprrdippprrdippprrdippprrdC<CR><LF>

                    THE USER STATAION

              THE BASE STATION

 VP
ONCORE

    PC

  GSU 15
GPS-

RADI
O

RADI



where
@@ denotes start of binary message.
Ce identifies the message type and implies the correct message length and format.
Bianry Data Sequence after “Ce” is message including GPS time reference, pseudo-

range correction, pseudo-range rate correction, issue of data ephemeris of each visible
satellite.

C is Checksum, the exclusive-or of all bytes after the @@ and prior to the checksum.
<CR><LF> is carriage return line feed demoting end of the binary message.

The computer receives the binary message via one serial port, stores it in memory, codes
it to RTCM SC 104 format and transmits it out via another serial port. The user GPS
receiver must have ability of receiving RTCM SC 104 message. Finally, position is
displayed on Liquid Crystal Display( LCD).

SOFTWARE FLOWCHART OF PSEUDO-RANGE DGPS

Because VP ONCORE receiver can only output binary correction message, but GSU-15
GPS receiver can only receive RTCM SC 104 differential GPS message, the major task of
software is to code binary message to RTCM SC 104. Program flowchart is shown in
Fig.6.

Fig.6 Pseudo-range DGPS program flow of the base station
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    End
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RESULT AND ANALYSIS OF PSEUDO-RANGE DGPS

Experiment condition
The same as position DGPS.

Static positioning result and analysis
Similar to the position DGPS, the pseudo-range DGPS experiment is carried out several
times in YiFu Science Building, including experiments on single GPS receiver and
pseudo-range DGPS. Fig.7 and Fig.8 give latitude and longitude distributing with DGPS
and without DGPS during a segment time (1.5 hours)

Fig.7 Positioning result without pseudo-range DGPS

Fig.8 Positioning result with pseudo-range DGPS

where
X-axis presents time and its unit is 1 second.
Y-axis presents latitude or longitude and its unit is 1 ″ (Notes: 1″ is about 30 meters).  

It can be found from above curve that longitude ranges from 116°20′35.0″ to
116°20′38.5″�and latitude ranges from 39°58′48.5″ to 39°58′53.5″ without pseudo-
range DGPS, so the largest position error is ±6″ (about ±80 meters). But longitude
ranges from 116°20′36.7″ to 116°20′37.3″�and latitude ranges from 39°58′50.2″ to
39°58′51.8″ with pseudo-range DGPS, so the largest position error is ±0.17″ (about ±5
meters) (probability = 90%). Obviously precision has been improved by pseudo-range
differential technology.
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CONCLUSION

Both position DGPS and pseudo-range DGPS can obviously reduce GPS position error.
By means of pseudo-range GPS, the user receiver can select different group of satellites
from the receiver in the base station, and RTCM SC 104 also adopts pseudo-range
differential technology, so presently most differential systems adopt pseudo-range DGPS.
But its data quantity is large and message must be transmitted real-time, In addition, the
base station hardware service is complex.
Comparing with pseudo-range DGPS, position DGPS has advantage of simple service
and small system data quantity. Its disadvantage is that the base GPS receiver and the
user GPS receiver must be sure to select the same group of satellite for positioning.
Because both position DGPS and pseudo-range DGPS only be applied within less
distance (100Km), now an operating Wide Area Differential GPS (WADGPS) system is
developing rapidly.
At last, it must be brought forward that it must be sure that the user GPS receiver can
receive correction message of all visible satellites, so the base GPS receiver’s mask must
be set smaller than that of the user GPS receiver.
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ABSTRACT

This paper describes the current internationally recognized atomic time scales of
International Atomic Time (TAI), Coordinated Universal Time (UTC), and Global
Positioning System (GPS) Time as well as solar based Universal Time. The concept of
Leap Seconds and the differences between the time scales are discussed. A brief history of
the international agreements that created organizations responsible for maintaining these
time scales is provided. A brief review of the GPS 1999 (Week Number Roll Over)
WNRO with its potential GPS user problems is provided. Prudent personal precautions are
proposed for the Year 2000 (Y2K) Rollover.

KEY WORDS

International Atomic Time (TAI), Coordinated Universal Time (UTC), GPS Time, Leap
Seconds, Y2K Precautions

INTRODUCTION

This paper is intended to introduce and contrast four different commonly used time scales
and discuss responses to two current timing problems. The time scales discussed include
solar based Universal Time and atomic based International Atomic Time (TAI),
Coordinated Universal Time (UTC), and GPS Time. Precautions to prevent problems with
the 1999 GPS WNRO (Week Number Roll Over) in user GPS receivers and recommended
personal preparations to make for the Year 2000 are provided.

INTERNATIONAL AGREEMENTS LEADING TO OUR CURRENT TIME
SCALES

In 1875 the Convention du Metre was held in Paris. The result was a diplomatic treaty
signed by seventeen nations to set up a structure to agree on standards of measurement.
The Bureau International des Poids et Measures (BIPM) was established to do the
metrological work under the supervision of the Comite International des Poids et Mesures



(CIPM) and the ultimate approval by the Conference General des Poids et Measures
(CGPM).

In 1884 the International Meridian Conference voted to set up 24 Time Zones worldwide
with the prime meridian at Greenwich, England. It is interesting to note that although this
conference was held in Washington, D.C. and that the U.S. and Russia were the two major
countries with railroads extending over multiple time zones, the zones (although used)
were not officially approved in the U.S. by Congress until the Standard Time Act of March
19, 1918.

Over the next 30 years National Standards Bureaus were set up in different countries. The
U.S. National Bureau of Standards was set up in 1901. In 1913 following a scientific
conference in 1912, representatives of 32 nations agreed to the idea of an Association
International de l’Heure but it was not ratified due to World War 1. In 1919 the
International Astronomical Union (IAU) was created which approved forming the Bureau
International de L’Heure (BIH) effective as of January 1, 1920. The BIH was to gather
information about the earth’s rotation and disseminate time, since from the first CGPM in
1889 (which defined the meter and kilogram and implied the second as 1/86,400 of the
mean solar day), the constancy of the earth’s rotation was assumed as the basis for time.

By the 1940’s it had become apparent from the improvements in time keeping with quartz
oscillators that the Earth’s rotation rate was not constant. A new, more uniform timescale
based upon astronomical observations in Newcomb’s Tables of the Sun and Planets was
proposed. The new timescale would be called Ephemeris Time since it depended upon the
ephemerides of astronomical bodies. Following the lead of the 1955 IAU General
Assembly and the 1956 CIPM, the 11th CPGM in 1960 redefined the second. Instead of
1/86,400th of the Mean Solar Day, 1/ 31,556,925.9747th of the tropical year starting 1900
January 0, 12 hours Ephemeris Time was selected. (This date is equivalent to 0000 hours
January 1, 1900, since the ephemeris day began at noon.)

With the use of cesium atomic standards in standards labs starting in 1955, the
Consultative Committee for the Definition of the Second was established in 1956 to
coordinate the work done by physicists and astronomers. The second was redefined in
1967 by the 13th CGPM as “the duration of 9,192,631,770 periods of the radiation
corresponding to the transition between the two hyperfine levels of the caesium-133 atom”
(per Proceedings of the IEEE, Vol. 79, No. 7, July 1991, p. 1070) at sea level. Thus the
astronomical ephemeris second was now defined in terms of a stable, reproducible atomic
standard which is the primary metrological unit of the International System of Units (SI).

In 1959 the Administrative Radio Conference in Geneva allocated frequencies in the 2.5 to
25 MHz region to time and frequency standard services and requested the International



Radio Consultative Committee (CCIR) study the issue of creating and maintaining a
worldwide frequency and time standard service by radio. While the National Bureau of
Standards in the U.S. had provided such a service since 1923, between 1962 and 1971 a
number of other standards labs broadcast a time and frequency service over radio. (This
was typically a Universal Time (see below) known as UT2, which was an averaged UT1
which eliminated seasonal fluctuations.) The CCIR worked along with the BIH, IAU, and
other international bodies to agree on and coordinate time standards and dissemination.

INTERNATIONAL ATOMIC TIME (TAI)

In 1971, the 14th CGPM agreed to take the atomic time scale used at BIH since 1955 and
establish International Atomic Time (TAI) as the official atomic time scale. The origin
point where TAI was matched closely in phase with UT1 was selected as 1 January 1958
(0000) with a time scale continuous from that point in time. TAI is actually a “paper
clock”. It is a post processed weighted average of a large number of primary frequency
standards from many National Standards Labs using an intermediate time scale (EAL) and
a correction factor for the duration of the scale unit to make it close to the SI second with
the final value not available until some time (over 60 days) later. It does provide a very
stable time scale suitable for scientific work and is the basis for all other accepted atomic
time scales.

In 1987 with the recommendation of the IAU, the 18th CGPM took over responsibility for
TAI from BIH. This was appropriate because maintaining atomic time is a standards lab
rather than observatory matter. BIPM at Sevres, France has maintained TAI since 1987.

UNIVERSAL TIME

Universal Time denotes a family of time scales following the diurnal movement of the sun.
The actual definitions are quite particular, but do mathematically relate Universal Time to
Sidereal Time or the position of the equinox. UT0 is the raw measurement of the observed
rotational time, but it varies with location. UT1 is the most used of these time scales as it
corrects UT0 so that the time scale is not location dependent, but does follow the variable
rotation of the earth. Thus, it closely approximates what was known as Greenwich Mean
Time (GMT) which was the basis for navigational almanacs and until more recently, civil
time as maintained by the Royal Greenwich Observatory. (Since British civil time is now
based on UTC rather than UT1, the use of the term Greenwich Mean Time has become
ambiguous. The time scale should be specified as UT1 or UTC.) This rotational time scale
shows irregularities several orders of magnitude greater than the atomic time scale of TAI,
but is useful because navigation, astronomy, and humanity all relate to the perceived
motion of the sun. UT2 is an averaged UT1 (adjusted for seasonal variations) and was
used for a period of time in the 1960s and early 1970s as the primary internationally



disseminated time scale (and was even sometimes called UTC during that period). While
still disseminated, with the advent of UTC (as now defined), UT2 is no longer a primary
time scale since UT1 is more useful for navigators than an averaged rotational scale and
UTC has atomic regularity.

COORDINATED UNIVERSAL TIME (UTC)

To coordinate successfully the stability and precision of TAI with the rotational UT1, UTC
was established as an official time scale. Most national standards organizations started
using it effective 1 January 1972. CCIR Recommendation 460-2 proposed all
organizations adopt UTC by 1 January 1975.

The elements of UTC are twofold. First, UTC is simply an offset of seconds from TAI.
Thus it runs exactly syntonized with TAI (Frequency TAI = Frequency UTC) and with the
on time mark exactly coincident. Second, UTC is closely synchronized to UT1 (Time UTC
= Time UT1 in Close Approximation).

The earth’s rotation relative to the sun currently is slower than TAI by about 2
milliseconds per day or a second every 500 days. This is a rate difference due primarily to
tidal friction slowing the earth from the time period of the calculations used for defining
the Ephemeris second, which in turn became the SI second. It is actually a complicated
choice of definition because the Ephemeris second was defined as a fraction of the tropical
year 1900 using Newcomb’s tables of the motion of the Sun because it brought
observations into accord with Newtonian theory. However these same tables were based
on an average of astronomical observations from 1750 to 1892 and thus the year in which
the Mean Solar Day probably actually had exactly 86,400 of our SI seconds was 1820. For
a more detailed account, see the “Leap Seconds” @ tycho.usno web site (full address
listed in References). To compensate for this, a Leap Second is periodically inserted
(roughly every 18 months) under UTC Time. While this is the main reason behind adding
leap seconds, there are other irregular variations in the rotation of the earth and having the
ability to add or delete leap seconds with respect to TAI is useful.

Thus, the UTC Time Scale differs from TAI only by an integral number of seconds. On
January 1, 1972 the difference between UTC and TAI was exactly 10 seconds (essentially
the accumulation of time or phase drift between 1 January 1958 when TAI was set equal to
UT1 and the introduction of UTC on 1 January 1972). Since January 1, 1972 twenty-two
Leap Seconds have been added (no subtractions yet), so as of 1 January 1999 until
(probably) June 2000, UTC is behind TAI by exactly 32 seconds.

A leap second can be added or dropped at the end of any month, but June or December are
the first choices and March or September are the second choices to introduce a leap



second. Only June and December have been used thus far. (The last 4 leap seconds have
been added every 18 months since June 30, 1994.) The way the seconds within a UTC
minute are counted and labeled is 0 to 59. When a second is added (retarding UTC with
respect to TAI) the sequence runs 58, 59, 60, 0. If a second were to be dropped
(advancing UTC with respect to TAI), the sequence would be 57, 58, 0.

In accordance with the CCIR Recommendation, UTC is maintained within a maximum of
nine tenths of a second of UT1. As an example, UT1 is allowed to retard from UTC by up
to nine tenths of a second before a leap second is inserted into UTC. IERS (formerly BIH)
promulgates the predicted and then post processed actual difference to UT1 (DUT1) in
tenths of a second (8 tenths/second maximum DUT1 plus one tenth/second error). DUT1 =
(approximately) UT1-UTC, thus when leap seconds are added the sign of DUT1 changes
from negative to positive.

On January 1, 1988 the BIH was formally disbanded. Its atomic time duties had already
been transferred to BIPM, while a new organization with a broader mission, the
International Earth Rotation Service (IERS) was established in its place at the Paris
Observatory. IERS is the organization that now decides when to add or delete a leap
second to UTC.

Thus UTC keeps closely in tine with the rotation of the earth and so keeps noon at the
middle of the day (in the center meridian of the time zone on average) and yet is a stable
atomic time as well. UTC is now the basis for all civil time, rather than UT1 (or what was
previously known navigationally as Greenwich Mean Time).

GPS TIME SCALE AND 1999 WEEK NUMBER ROLL OVER (WNRO)

The GPS Time Scale is a repeating Time Scale of 1024 weeks. It is a continuous time
scale since its origin point coincident within one microsecond of 0000 January 6, 1980
UTC Time. GPS time is disseminated by the GPS system using a 10 digit count of weeks
(0 to 1023) and a 19 digit time of week count of 403,200 intervals of 1.5 seconds which
provides 604,800 seconds. The GPS system is intended as and considered to be a
coordinated time to UTC and TAI and is currently a prime source of time dissemination.
Like TAI there are no leap seconds, so there is a fixed offset of 19 seconds from TAI. As
there are no leap seconds, GPS Time can slowly advance from UTC Time as seconds are
added to UTC Time. Currently there have been 13 leap seconds added to UTC Time since
the start of GPS time and so the second GPS Epoch or Cycle of 1024 weeks will start on
August 21, 1999 at 23:59:47 UTC. Week 1023 will reset to Week 0 and Second 604,800
will reset to Second 0. Per the GPS-SPS Signal Specification, users must account for the
fact that it is actually the week 1024 or more from the start of the GPS cycle. This is



known as the Week Number Roll Over (WNRO) or End of Weeks Rollover. Another
rollover will occur again in 1024 weeks.

As this paper will not be published until after the Week Number Roll Over, most problems
with any non-compliant receivers will be discovered before ITC. However, depending on
the actual OEM receiver firmware and the software conversions created by the integrator
or users, it is possible that the user may see problems separately for Y2K on January 1,
2000 or GPS/Y2K related problems with the February 29 Leap Year. Users may also see
problems with receivers that have been in storage or have had batteries changed affecting
their non-volatile memory. It is still advisable for each user to confirm both the Y2K and
WNRO status of his or her receiver with the hardware manufacturer or software integrator.
Most manufacturers have web sites listing product compliance for both Y2K and 1999
WNRO issues. Users must be very careful to ensure that their specific serial number or
revision number of the product is covered in the compliance list. In many cases, older
versions of the same model or part number will not be compliant, but new versions will be
compliant.

Y2K OR YEAR 2000 PROBLEM: OVERVIEW

By ITC, you will all be aware of the Y2K problem. Years ago, because computer memory
was very expensive decisions were made to save space and money by using just two digits
instead of four to denote years. In some PCs for example, certain BIOS chips have a hard-
coded 19 for the century. In other cases operating systems or user software cannot handle
Year 2000 dates and may consider the year to be 1900 instead. If the computer thinks it is
1900 instead of 2000 then day of week calculations are wrong. In 1900 January 1was a
Monday, but in 2000 its a Saturday. Unlike 1900, 2000 is a leap year.

One technique of remedying Y2K problems is by sorting dates with a hundred-year
window. For example one window is 1930 to 2029 so that any 2 digit year 30 or up will be
considered to have a 19 in front of it while a 29 or lower will be considered to have a 20
placed in front of it. In some programs these will be converted to four digit years format
(which is the recommended solution), in other programs they will not be converted. There
are problems if the correct date is not within the original window, or if another program
working on the same data original or processed data interprets using a different window
such as 1980 to 2079 for example. Your system may be fully Y2K compliant, but if you
feed bad data in, your system can process and send erroneous data out. Embedded
processors are another potential problem. Some of these control such items as chemicals in
the water supply.



Y2K OR YEAR 2000 PROBLEM: PERSONAL COMPUTERS

Users need to be concerned with hardware (BIOS and Real Time Clock), software
(Operating System and Applications), and data. Typically the web sites of the various
hardware and software manufacturers will list exactly which products are compliant or can
be made compliant. Make sure you check for the exact revision of your software. The
Federal Reserve Board web site and other government and private web sites listed in
References are helpful and have references to other web sites. As a general rule, only the
most recent software (1999) is compliant as you purchase it, most other software must be
patched or upgraded to achieve compliance. Since many applications use the windowing
technique described above to deal with two digit years, it is a good idea to check each
application to verify its window date criteria. For the Microsoft Windows family it is
strongly advised to set the Regional Settings in the Control Panel Menu to four digit years,
so that after data is created or sorted, it will be in the four digit year format.

Y2K OR YEAR 2000 PROBLEM: FAMILY PRUDENCE

After ITC there are only two (2) months left to get ready. While most experts now believe
that serious problems will be localized in nature and many web sites state that all will be
well with their products, these same web sites issue disclaimers against relying on their
advice. It is true that there are a number of pessimists and even alarmists hawking the end
of the world or at least a huge crisis. While I am not a bona fide expert on Y2K, I am
outlining an approach below that is like a fire insurance policy. It is better to prepare or
pay a little bit to have some protection in the event of even an unlikely catastrophe, than
take no precaution at all. After all if you are in the area of a “localized problem”, it could
still be a BIG Problem for you! Also, ideally you want your issues resolved so you are in a
position to help others.

Part of the problem with Y2K is that due to the synchronizing effects of the time scales
above that we now all use, there is a simultaneity to the problem unlike many previous
problems. When television commercials first came out and the networks synchronized the
commercials and program breaks so that viewers could not easily switch channels without
getting another commercial, many apartment houses had plumbing breakdowns. The effect
of large numbers of people visiting the bathrooms simultaneously rather than distributed
more uniformly caused pipe bursts because they had not been designed for that volume of
usage at once. While one or two accidents at rush hour can cause slowdowns in any major
city, multiple accidents can create gridlock across the city. The non-availability of assets to
deal with the problem quickly becomes in itself a problem and then unresolved problems
lead to other problems. Solutions that would normally be available are not available. The
bottom line here is be prudent and prepare to do what you can in the next two months to



make sure the problems you deal with are minimal, rather than major or catastrophic for
you or those you care about.

For family prudence start with the basics. Based on my research, I believe two weeks is a
prudent time frame. A reasonable way to look at this is to pretend it is a two week
camping trip taken in your living room. Another scenario is how would you prepare for a
two week flood or ice storm situation where you are left on your own resources? Two
weeks is most likely longer that you would need, but if you are well prepared for two
weeks, you could probably make those supplies last longer if needed. What is critical for
you and those you love, including your extended family, both the elderly and the very
young?

1.  Air: Without air we suffocate very quickly. Normally this is NOT a problem. However,
if you are in an airtight bunker relying on fans for air and the power goes out for an
extended period, it is a problem.

2.  Critical Medical Items: Are you and those you care about able to walk up or down from
their high rise apartment when the elevators are out? Are their pacemakers Y2K
compliant? How about dialysis equipment that they use? Are they stocked up on insulin
(over half of which comes from Denmark) and any other drugs or medical supplies that
they must have? For those items, a one or two month supply may be a wise idea since
inventory disruptions may persist for some time after immediate problems are resolved.
Start stockpiling immediately on these items. The Food and Drug Administration (FDA)
plans to complete an assessment of critical medical devices that may have problems by
October 1, 1999.

3.  Water: One gallon per day per person is the recommended amount. There are a number
of ways to store water including 2.5 or 5 gallon plastic containers and reused soda bottles.
Iodine or chloride tablets are available at camping stores and filters are available in most
grocery stores. Remember, embedded processors control many water supply functions.
What if there is a sewer problem that contaminates the water supply? Floods and
hurricanes have created similar problems in the past.

4.  Heat: In the North, heat is vital in the winter. If the heat is out due to lack of power,
fuel, or other disruption what will you use as an alternative? Firewood, kerosene, propane,
or butane stoves, sterno, solar methods, sleeping bags, and blankets are all possibilities.

5.  Light: Plan to spend time in sunlit rooms during the day. Solar rechargeable flashlights
or other such solar lighting is a great choice. Candles, Coleman lanterns, and battery run
lights are other possibilities. Fuel or batteries and matches are required sundries.



6.  Power for Other Items: Even if you have medical items, heat, and light power
requirements taken care of, do you need power for security systems, computers, telecom
or other communication equipment such as radios (AM-FM and short-wave) or walkie
talkies? If you do not already have a portable generator, it is likely too late to get one and
properly install it. Judicious use of a well stocked battery supply is your best alternative.
Car batteries and an inverter are a possible choice. Will your refrigerator defrost, spoil all
the food inside, and melt into a foul smelling water problem?
 

7.  Food: It’s a two week camping trip in winter. There is no forage and no animals to
hunt. While many of us including myself could survive two weeks without food, it would
not be pleasant. Stockpile items that you actually do eat that require little maintenance to
cook or keep from spoiling. Nowadays a variety of canned and bottled drinks and other
easily stored items such as meal substitute bars, rice cakes, peanut butter, nuts, dried fruits,
and meats are readily available. It is recommended that you start building and rotating your
stockpile now and actually test out consumption of the foods before you have the real
requirement. Again, consider it as a two week camping trip.

8.  Garbage, Trash, and Other Waste Disposal: While total waste generation will be down,
if the garbage disposal, toilet, and trash pick up are not available, what will you do? A
boaters or camping chemical portable potty is a possible short term solution. A biological
potty may be better. An entrenching tool and plenty of paper for the paperwork is a wise
idea. A good supply of various size ziplock and trash bags for food, trash, and other waste
products is a prudent idea.

9.  Emergency items: Fire fighting supplies and a well stocked emergency medical kit
including a good guide book and some light to read it are a minimum. Include sterile cloths
and sterilizing liquid.

10. Personal Hygiene and Minor Medical: Baths and sinks may not be available, but wash
cloths and waterless soap should be stocked along with minor medical items such as
aspirin, allergy, stomach, cold, flu, and other medicines.

11. Communications: Consider your telecom, computer, internet, and other
communications needs. A cellular phone on a different carrier than the regular phone is a
prudent idea. A portable computer and plenty of batteries may cover your computer needs
if used sparingly. A walkie-talkie, short wave or ham radio may be useful.

12. Transportation: Some people claim that there will be problems with post 1981 cars.
General Motors, Ford, and others claim that their cars will not experience Y2K failures.
Prudence would dictate alternative modes of transportation in case there are auto or mass
transit problems. Depending on the area, bicycles, skis, snowmobile, or skates may



provide possible alternatives. Definitely have a FULL TANK OF GAS in whatever car or
fuel powered alternative you use by Dec 30 at the latest and be prepared to use it
sparingly, since a bulk commodity like gasoline is at the end of a long inventory chain.

13. For loved ones that you care for, perhaps you should all congregate together if you
can’t get back and forth or if some of them have need of support. Consider if you need to
go to work or if you can take a vacation and just take care of the home front.

14. Security: Depending on your own situation, a whistle, air horn, or cell phone may be
sufficient for your needs. Consider that some electronic security systems may not work
and that the police may not be able to get to you as rapidly as normally. A good review of
your situation is the first step. Sensible planning and practice in security matters is a must.
If you decide to have a firearm or other weapon, learn how to use, store, and care for it. If
you are NOT mentally, emotionally, and physically prepared to use these items properly,
do not have them. In the long run, the best policy is to be a good neighbor and work with
your community to watch out for each other. Security is an issue however, since most
people will be keeping a larger supply of cash on hand than usual while others may have
nothing.

15. By now, you should have copies of important records and receipts for bills on paper
where you can get them if needed for mortgage, insurance, utilities, banks, credit cards,
etc. A recent credit bureau report is a good idea. I firmly believe that having enough cash
on hand to meet your needs for two weeks is a minimum. The cash on hand should include
lots of small bills and change. Larger amounts so you have enough for bigger bills could be
stored with travelers checks or already made out money orders.

Hopefully these precautions will be just a dress rehearsal exercise and nothing more!
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ABSTRACT

Many view quality and productivity as competing concepts. After all, doesn't high
software quality come at a high cost? Doesn't it mean that a large amount of "extra stuff"
needs to be done during the software development cycle? And, doesn't that mean that
software productivity takes a back seat to (and a major hit from) quality efforts? This
paper will explore these issues.

This paper provides some preliminary data that supports how a disciplined software
engineering process can (and has) resulted in high quality software while actually
increasing productivity. Data has been gathered on organizations that have a disciplined,
quality-oriented software engineering process in place. That data shows that quality and
productivity can (and do) coexist. The data will be discussed along with an explanation of
how these results can be achieved.
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INTRODUCTION

People in the software industry frequently discuss both productivity and quality.
However, the two are rarely mentioned in the same sentence. Why? Quality efforts are
generally regarded as counter to productivity efforts. Doesn’t all the “stuff” one does to
ensure high quality products get in the way of the software engineer and cause them to
delay delivery? In the highly competitive software industry, any delay in fielding a new
product could be catastrophic to a company. So, how does one ensure that high-quality
software products are delivered in a timely manner? This paper will explore the elements



of software productivity as well as the elements of software quality and compare the
value of one on the other.

BODY

At its most basic level, software productivity is how fast a software engineer can produce
software code. How fast they can generate code is a driver as to how fast software
products can be produced and, subsequently, fielded. Anything that gets in the way of the
engineer is detrimental to the development organization.

Software productivity is typically measured in lines of source code (LOC) developed per
hour or per day. One way to calculate productivity is to “divide the amount of product
produced by the hours you spent.” [Humphrey] In software terms, this is all the software
produced (we’ll use lines of code as our measure) divided by the number of hours spent
producing this new and/or changed software LOC.

In his book Quality Is Free, The Art of Making Quality Certain, Crosby defines quality as
“conformance to requirements.” [Crosby] To divide this notion into parts, we find that 1)
a software product must do what the user needs it to do, 2) it must do it when the user
needs it, and 3) the software product must work. The basic measure of quality for this
paper is the number of defects per thousand lines of code (KLOC).

Traditionally, software engineers avoid quality-oriented tasks like the plague. Why would
they want to inject all that overhead into their task, anyway? Software quality tasks are
cumbersome and time-consuming. Wouldn’t it just make them less productive? After all,
if they aren’t performing coding doesn’t their productivity suffer?

That may not be the case. Many believe that quality efforts and software productivity are
compatible. In fact, Watts Humphrey (Software Engineering Institute Fellow and
developer of the Capability Maturity Model) recently stated that one should start with
quality in mind then productivity would fall into place. This would seem to indicate that
if an organization wanted to increase productivity, it should institute a software quality
program. Then, the productivity issue should resolve itself.

An interesting question to pose is: does quality efforts actually increase software
productivity? The question seems counter-intuitive. How is it possible to inject a serious
amount of quality overhead into the development process and see productivity actually
increase? The simple answer is yes … because of the positive impact a quality product
has on time spent in testing.

The largest impact that quality has on the software development lifecycle can be
observed in the testing phases. The entire thrust of quality injection into the software



development process is to reduce defects. The impact of the thrust will manifest itself in
the reduction of defects remaining in the product to be found in unit, integration and
system testing. Naturally, this will reduce the amount of time required for testing.

Test phase costs (which directly relate to effort) for a given software development range
between 30 and 50 percent of the development lifecycle while the range for
implementation is between 17 and 28 percent. [Sommerville] Any positive impact on test
times will reduce the total lifecycle time – regardless of what causes the impact. So, will
injecting a lot of extra quality “stuff” into the development phases pay off enough in
testing to make up for the extra time spent in quality efforts? Results from quality efforts
are beginning to filter in that indicate that, in fact, it can. Actually, some indicate that
productivity can even increase (in an absence of productivity-increasing efforts) simply
because of quality efforts. How is this possible? What follows is a short example.

Let’s take an example development (at the far end of the test spectrum) that requires 50
percent of the development lifecycle for testing and 20 percent of its time in design and
coding. Then, inject a quality process on the development that slightly increases design
and coding time in those phases. Obviously, this will cause the developer’s productivity
to decrease somewhat during the design and coding phase. However, take a look at what
it might do for the test phases. Results from both the Department of Defense and private
industry indicate a dramatic positive impact in unit, integration and system test phases.

The following data results from studies on both the Personal Software Process SM (PSP)
and the Team Software Process SM (TSP). The PSP is a quality-oriented software
development process used for the development of a unit or component of code. The PSP
focus is on the individual engineer. The TSP is also a quality-oriented software
development process, geared toward teams of PSP-trained individuals. The following
PSP information pertains to the detailed design, design review, code, code review and
unit testing of a unit or component. It does not include the requirements, high-level
design, integration testing or system testing phases of a system or set of related unit or
component.

Personal Software Process Data

The Software Engineering Institute (SEI) has gathered quality and productivity results
from 298 students going through the PSP for Engineers class. The data shows that both
quality and productivity increases during development of a unit or component. Defects go
from an average of about 110 per KLOC at the beginning of the class to about 20 per
KLOC at the end. If one looks at what the students are taught and the techniques
employed during the PSP class, it becomes obvious why this happens – PSP injects many

                                      
SM Personal Software Process, PSP, Team Software Process and TSP are service marks of Carnegie
Mellon University.



tasks to ensure a quality product. Here comes the zinger. Productivity rates increase at the
same time. Initially, student productivity rates decrease while learning estimating
techniques; however, they increase dramatically after quality techniques are introduced.
This would indicate that quality actually impacts productivity in a positive way.
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Industry reports (SEI) similar effects when implementing a quality-oriented process
(PSP). One company saw their defect rates drop by orders of magnitudes when
implementing quality-oriented software development techniques. Another showed drastic
schedule savings. Their test times for medium-sized projects went from months to days,
dramatically impacting their total development times.



Non-PSP Project KLOC Months Late Acceptance Defects
1 24.6 9 N/A
2 20.8 4 168
3 19.9 3 21
4 13.4 8+ 53
5 4.5 8+ 25

PSP 22.9 1 1
Industry PSP Data

System Test Time before PSP Training
Project A1 (15.8 KLOC) 1.5 months

Project C (19 requirements) 3 test cycles
Project D (30 requirements) 2 months
Project H (30 requirements) 2 months

System Test Time after PSP Training
Project A2 (11.7 KLOC) 1.5 months

Project B (24 requirements) 5 days
Project E (2.3 KLOC) 2 days
Project F (1.4 KLOC) 4 days
Project G (6.2 KLOC) 4 days
Project I (13.3 KLOC) 2 days

Industry Project PSP Data

Team Software Process Data

The TSP is a new technology that is just now beginning to exit its prototyping stage. As a
result, the SEI is just beginning to receive data from projects that have developed systems
using TSP teams. The results are also dramatic. One TSP team of 15 engineers report
integration test defects at a .2 defect per KLOC rate, system defects at a .4 defect per
KLOC rate and field test defects at a .02 defects per KLOC rate. As a result of the low
defect densities, field testing decreased from months per KLOC to merely days per
KLOC.

TSP Project Non-TSP Project
Plan Actual Actual

Size (KLOC) 110 89.9 9.5
Integration Test (Defects/KLOC) 1.0 0.2

System Test (Defects/KLOC) 0.1 0.4
Field Trial (Defects/KLOC) 0.0 0.02 5+

Field Testing Engineering Trial 2 weeks 3 months
Field Testing Acceptance Trial 3 weeks 6 months

A TSP Industrial Project

Another example of what a quality process can do for quality and productivity comes
from the Department of Defense. Results from the TaskView project (which used TSP) at



Hill AFB, Utah indicate that quality and productivity can live on the same project.
[Webb, Humphrey] Their productivity increased more than two times above their
previous project. Prior to the TaskView project, typical total test days per KLOC ranged
from 0.94 to 2.89 and system test defects per KLOC ranged from 2.21 to 4.78. The
TaskView project showed dramatic improvements: total test days per KLOC was 0.22
and system defects per KLOC was 0.52.

So, how did this increase in quality with its resulting reduction in test time impact the
overall schedule? The article states “Typical TIS projects require 22 percent of the
project schedule (in days) to perform the final two TIS test phases. The TaskView
project, using TSP, sharply reduced this percentage to 2.7 percent. This is a schedule
savings of nearly 20 percent."

Non-TSP Projects TaskView
Size (in KLOC) 67.3 7.9 86.5 25.8

Test Days 63 23 92 6
Test Days/KLOC 0.94 2.89 1.06 0.23
Defects/KLOC
• System Test

• Acceptance Test
2.21
N. A.

4.78
1.89

2.66
0.07

0.54
0.15

Total Time for Integration and
System Test

22% of Development Time 2.7%

Productivity (Relative) • More than
2 times

previous.
• 16% over

org. ave.
A TSP DoD Project

CONCLUSION

Both the informal discussion of the relationship between quality and productivity and the
data presented indicate that quality and productivity can coexist in a software
development. It stands to reason that, if one can reduce the amount of testing because
there is a higher-quality product going into test, one should notice a decrease in total
development time. In fact, the data strongly suggests that if an organization implements a
quality-oriented process for software developments, software productivity will benefit.
Both PSP and TSP data for class and industry would tend to support this conclusion. The
bottom line: if one needs an increase in productivity, implement a quality program. If one
simply wants an increase in product quality, implement a quality program. It will not
negatively impact software productivity.
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ABSTRACT

This paper focuses on the development of the Surface-to-Air Missile Federation (SAM
Fed), a Test and Evaluation (T&E) High Level Architecture (HLA) federation. The SAM
Fed evolved from a legacy constructive real time/post mission hardware-in-the-loop
(HITL) Surface-to-Air Missile (SAM) simulation. The process to transition from a stand-
alone simulation to a distributed HLA federation as well as the problems experienced and
lessons learned will be presented. This paper will also discuss the merit of standardizing
internal federate interfaces to facilitate reuse.
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INTRODUCTION

It is often difficult to break deterministic repeatable test and evaluation simulations into a
distributed simulation regime. This is especially true for closed-loop hardware-in-the-
loop (HITL) simulations that rely on very high data rates. However, when an open-loop
testing scenario exists there are several options available to distribute the simulation to
allow for active and passive participation in the testing. This paper presents an approach
to migrate multiple stand-alone surface-to-air missile (SAM) simulations into distributed
operation by utilizing High Level Architecture (HLA).

BACKGROUND

The 96th Communications Group, Modeling and Simulation Support Flight (96
CG/SCTO), Eglin AFB, FL, is responsible for assessing and introducing emerging
modeling and simulation (M&S) capabilities to its customers for munitions and
Command and Control (C2) systems testing. To this end, in cooperation with



AFDTC/DRC and funding support from the Central Test and Evaluation Investment
Program (CTEIP) Foundation Initiative 2010, a Development Test Cell (DTC) has been
established in the Freeman Computer Sciences Center at Eglin Air Force Base to support
the migration to HLA. This DTC provides the resources for development and testing of
HLA applications at Eglin AFB.

Eglin began developing the HLA DTC in August 1997. By November, the equipment
was procured, people were trained, and an initial HLA demo was operational. The initial
efforts were aimed at understanding the requirements of HLA and assessing the impact of
making a legacy model set HLA compliant.

LEGACY MODEL SET

The legacy model set consists of high fidelity real time SAM and antiaircraft artillery
(AAA) flyout models which provide miss distance as a measure of effectiveness in
support of Electronic Combat testing at several DoD test facilities. These flyout models
were developed under a range improvement initiative funded in 1994. They are kept
under strict configuration control in the Flyout Model Information Center (FMIC) by the
Modeling and Simulation Support Flight.

Many of the FMIC models have been independently validated against approved
baselines. The remaining models will be validated when funding is available. To date, the
FMIC contains fourteen missile simulations, two gun simulations, and off-line executives
used for post mission data reduction. All of the software developed for the FMIC adheres
to sound software engineering methods, including comprehensive documentation. Since
the models are used to support testing at multiple facilities, we developed a set of
interface standards known as the Standard Interface for Missile Simulations (SIMS) and
the Standard Interface for Gun Simulations (SIGS) which address model taxonomy,
model interface, coordinate systems, and sign conventions. The models are all written in
ANSI standard FORTRAN that allows the models to be compiled and run on a wide
range of computer platforms.

LEGACY SYSTEM ARCHITECTURE

The FMIC SAM simulations predominately model the missile launch computer, guidance
computer, autopilot, and airframe systems. To simulate a command guided missile
engagement, the SAM flyout model must be run simultaneously with a target model and
a target tracking radar (TTR) model.

The order of operation for the engagement scenario begins with the target model
computing the aircraft position, velocity, acceleration, and orientation. Next, the TTR
reads the target position and velocity and computes the azimuth and elevation angles and



range of the target with respect to the TTR position. Finally, the SAM model reads the
TTR data, computes launch angles, guidance commands, fin deflections, airframe
aerodynamics and updates the missile position, velocity, accelerations, and other missile
state information. In addition, the true target position is read by the missile model to
compute the point of closest approach, a.k.a. miss distance.

Figure 1.  SAM Engagement Scenario Participants

A frequently used in-house FMIC model evaluation and demonstration executive
program named PCDEMO generates the target position and velocity and emulates the
TTR functions by computing angles, angle rates, range, and range rates. The executive
sequentially calls the target, TTR, and missile model modules ensuring the modules are
in phase with each other. PCDEMO then steps forward in time at the specified integration
time step for the simulation. The integration time step for each of the legacy missile
models is unique and is a multiple of the update rate of the TTR. The PCDEMO
executive serves as the basis for this HLA SAM federation.

OBJECTIVE

Due to the progression of HLA to the forefront of distributed simulation and the promise
of its enhanced performance over DIS, a SAM Federation (SAM Fed) was
conceptualized to leverage from a validated legacy model set and transition into the
distributed regime. The key constraint for the SAM Fed was to perfectly duplicate the
operation of the legacy SAM simulations. The primary benefit of the SAM Fed would be
the ability to “plug and play” missile models into a missile federate without any
modifications to the missile model code. Such a plug and play ability would be possible
due to the SIMS interface. Hence the missile federate would function as a generic HLA
interface. A further benefit of the SAM Fed would be to allow validated SAM systems to
be reused in both the testing and training communities.



SAM FED ARCHITECTURE

In an object centric view of the command guided engagement SAM scenario, the
participants are a target object, a TTR object and at least one missile object. It could be
argued that the TTR should not be an object since it produces information about the
target object. However, in our testing scenario the TTR is co-located at the SAM launch
site, and can be deceived to provide false information about the target. We chose to allow
the TTR to be declared an object (owning its own attributes) because of its ability to
always provide antenna pedestal angles regardless of whether a target was present. A
controller federate was conceptualized to perform the simulation management functions.
The controller also can function as a conduit for non-HLA surrogate visualization tools.

DEVELOPMENT

Our development efforts are presented here in the order we actually performed them. We
deviated from the DMSO Federation Development Process (FEDEP) significantly during
the prototyping stages, but later used portions of the FEDEP for the formal SAM Fed
development[2].

It is also important to note that the prototype development efforts were pursued with a
somewhat minimalist mindset. Many of the Federation Object Models (FOMs) and
Simulation Object Models (SOMs) we reviewed seem designed to address the needs of
many federates, and could prove cumbersome at very high data rates. We hoped to
implement the HLA between the SAM Fed participants in a manner where extremely
high data rates would not be encountered, and the volume of data transported would be
relatively small.

The SAM Fed is required to operate with synchronous updates for each time step and
with sequential stepping from the target, to the radar, and then to the missile(s).

HLA EXPERIMENT

In order to understand the HLA and the behavior of the Run Time Infrastructure (RTI)
version 1.0.3, a feasibility experiment was initiated to implement a working SAM
prototype federation by radically modifying and building upon the DMSO Hello World
federate tutorial[3].



Figure 2.  SAM Federation

The SAM prototype federation is made up of two SAM federates, a target federate, a
radar federate, and a controller federate complete with a visualizer. Figure 2 shows the
logical relationship between the federates and the RTI. The PCDEMO executive program
was chosen to serve as a framework for the new federates in the SAM prototype Fed. In
preparation for building the SAM Fed prototype, we converted the PCDEMO code from
FORTRAN to C. An unclassified generic missile model was chosen as the SAM for use
in the experiment. Because the legacy model set and the generic SAM each use the SIMS
interface, conversion to the HLA follows the same implementation for all models in the
set. The command guided engagement scenario selected utilizes a target profile to
evaluate missile performance. The target portion of the PCDEMO code was isolated to
form the framework of what would become the target federate. The PCDEMO radar
section was isolated to form the framework for what would become the TTR federate.
The PCDEMO missile model portion was isolated and duplicated to form the framework
for what would become the two missile federates that we call the generic SAM modules.

SUBCOMPONENT DESCRIPTIONS
The target code generates a target track from a scripted profile that is provided
interactively at runtime by PCDEMO, but we hard coded it into the target federate. The
target profile flies a point target in level flight through two inbound course changes,
crosses by the SAM launch site, and changes course once while outbound. The radar code
computes radar tracking parameters from the target data. The radar was purposely kept as
a perfect tracking system, not producing off-boresight or monopulse errors, to emulate
the radar operation from PCDEMO. The missile model framework monitors missile
control flags to determine when it is appropriate to call the missile modules for launch
and guided flight, or to terminate flight. The Hello World tutorial is a simple HLA
federate that simulates an increase in population over time. It registers one instance of the



HLA object class "Country" and updates its name and population attributes as they
change. It is important to note that in the RTI distribution, Hello World does not
incorporate time synchronization. Beginning with Hello World, the SAM prototype
Federation was developed in three phases.

TIME MANAGEMENT
In the first phase of development, we addressed time management. We modified the
"HelloWorld.fed" file to specify FED_RELIABLE transportation and
FED_TIMESTAMP ordering for the "Country" class attributes. We then modified the
Hello World federate ambassador to set the RTI Support Service setTimeConstrained to
"True". This change defined that events only become eligible for presentation to a
federate when it can be guaranteed that no time stamp ordered (TSO) events with a lower
time stamp will be received. This ordering only applies to events that are designated by
the sender as being TSO. Additionally, we modified the ambassador to call the
turnRegulationOnNow RTI Support Service and set the Time Management Service
setLookahead to 1. Upon execution of the Hello World federation, each Hello World
federate that joined, published its data, and subscribed to the other federates’ data in the
same order, thus providing sequential, synchronous operation required by the SAM Fed.

SOM CONVERSION
In the second phase of prototype development, we converted the Hello World SOM
"Country" class "population" attribute to a complex data type. The complex type
consisted of a data structure of 100 doubles. The resulting type allowed for an assessment
of the "loading" capability of the RTI.

MERGING SAM OBJECTS WITH CONVERTED SOM CODE
In the third phase, we created an instance of the converted SOM Hello World code
corresponding to each object in the SAM Federation and a controller. In each instance,
we replaced the population growth by the appropriate calls to the legacy code modules.
We set the “Country” class “Name” attribute to identify the SAM object instantiated by
the federate. Next, we modified each of the new federates to map the SIMS variables
needed by each of them to their “Country” class “Population” attribute. The variables that
were mapped to the complex type were chosen based on the minimum information
exchange needed between the federates. Each of the new SAM prototype federates
published to and subscribed from the RTI through the new "Country" class "population"
complex data type. Finally, the former Hello World interactions were removed from the
federates. This comprised the SAM Federation prototype.



SAM FEDERATION DEVELOPMENT PROCESS

With a clearer understanding of the HLA and the operation of the RTI, we evaluated the
requirements for implementing the SAM Fed. Several key requirements included:

• The simulation scenario must execute in a synchronous and sequential manner
• No attribute updates can be missed
• The legacy SAM code cannot be modified
• The federation should operate in real time
• The federation operation must run accurately as verified with legacy simulation

results
• The federation must operate across different computer platforms (Sun and

WindowsNT).

We then utilized the FEDEP for project development. First, we checked resource
repositories for FOMs and SOMs. Many FOMs and SOMs were reviewed but they were
judged to be too complex for our needs, or simply did not apply to the scenario. The
FOMs were useful in presenting the different design philosophies for organizing class
structures, allocating attributes to the classes, and the use of complex data types. Our
philosophy presumes that streamlined federates will yield themselves to easier
incorporation into other federations.

The SAM Fed FOM and SOMs were defined through an approach that assigned persons
with detailed knowledge about the SAM systems to represent the needs of each federate.
We utilized the Object Model Development Tool (OMDT) to build the SOMs for each of
the federates on an attribute by attribute basis. Lessons learned from our SAM prototype
development effort proved invaluable for decisions involving class and attribute
specifications. Separate classes were defined for each SAM function and specific
attributes were grouped into complex data types such as x, y, z position data into a
position complex data type. Each attribute could only be used if it was deemed necessary
for the federate or for the federation. Building from the prototype implementation, SIMS
was leveraged to provide a means of incorporating all FMIC SAM models as federation
participants. We scrutinized the critical SIMS parameters and recorded them in the
appropriate SOMS via the OMDT. When the SOMs were defined for the target, radar,
SAM and controller federates, the FOM was defined. We specified the FOM by the
intersections of the SOM attributes.

With a working prototype federation at our disposal, the key requirements were verified
as attainable. All attributes need to be regulated and constrained to ensure updates are not
missed. However, the real time operation through the single federation executive process
within the RTI 1.0.3 proved challenging. Experimentation with the SAM prototype
federation indicated a tighter constraint on the update rate than the data volume, or
throughput. We devised a short term solution of bundling to improve the federations real



time performance. The data bundling concept is comprised of five time updates packaged
together as a single attribute. Each of the federates could then process each of the five
time steps, then populate each of the corresponding five updates in the bundled output
attribute to be processed by the next federate. The bundling of updates is made possible
since the federation is an open loop scenario.

SAM FEDERATION IMPLEMENTATION

In summary, we began the SAM Fed implementation by modifying and adding to the
federate ambassador portions of code in each of the prototype federates to define the
complex attribute types specified in the FOM. We enumerated the attributes and
implemented handle requests for the attributes. Next, we expanded the prototype federate
ambassador code to specify the attribute receive and attribute publish functions for all of
the new attributes. To specify the new attributes, we modified the publish and subscribe
functions. We modified the federate simulation loops to extract the SIMS variables from
the attributes and to map and bundle the federates newly computed variables to the
attributes. We then modified each of the federates to process each of the five time steps,
then populate each of the corresponding five updates in the bundled output attribute to be
processed by the next federate. We then generated a byte-swapping routine to correct for
the endian differences between the Pentium class PCs and the SUN systems.

It is important to note that the source code for all of the federates was combined into a
single source file. We added logic to the code to specify each federate by environment
variables. This reduced the burden of configuration control of the source code across
multiple machines within the DTC lab. In addition, any federate could be run on any
platform by simply specifying the appropriate environment variables at compile time and
runtime. An environment variable was also added to specify the platform type, Sun or
PC, in order to utilize byte-swapping routines and to correct function call differences. As
a follow on effort, we created two remote observer/plot federates to subscribe to data of
interest and generate graphical engineering level displays. The remote observer/plot
federates run under the WindowsNT and Windows95 operating systems.

TESTING

We performed testing of the SAM Fed by direct comparisons to the legacy PCDEMO
executive and generic SAM model results. The test results from the SAM Fed directly
match the PCDEMO test results.

Preliminary testing of the FMIC SAM models within the SAM Fed have also been
performed. The FMIC SAM models were each tested by recompiling the SAM model
federate with the new SAM missile source code. The SAM model federate then called the
FMIC SAM missile code in the same manner as the unclassified generic SAM missile



code. In addition to verifying the operation of several FMIC SAM models within the
SAM Fed, the preliminary testing has provided validation of our plug-and-play federate
concept.

We performed tests across different platforms to verify the SAM Fed byte swapping
routines functioned correctly. We also tested the operation of the SAM Fed across wide
networks on a limited basis.

PERFORMANCE

No diagnostic performance measures have been performed a this time. However, several
subjective observations have been made with respect the SAM Fed and the RTI versions
1.0-3 thru 1.3-4. The SAM Fed will run in real time when hosted on the Sun platform.
When the SAM Fed is distributed between WindowsNT systems with the RTI and
Federation executive hosted on a WindowsNT PC, the SAM Fed runs slower than real
time (approximately 7 seconds of simulation time per 10 seconds of wall clock time).

A combination of factors contributed to the performance of the SAM Fed. The processor
speed was a major contributor to the federation execution speed. However, we
experienced significant performance impact with variations in the available RAM and
network card speeds.

The platform configurations hosting the SAM Fed include:
• Dual 300MHz PentiumII, 256Mb RAM, 100Mbps network card
• 300MHz PentiumII, 64Mb RAM, 100Mbps network card
• 166MHz PentiumII, 196Mb RAM, 10-100Mbps network card
• 296MHz Sun Ultra2, 124Mb RAM, 100Mbps network card.

Experimentation with the tick function indicated the function was not working as
specified in the High Level Architecture Run-Time Infrastructure Programmers Guide[2].
The maximum tick period seemed to be ignored by the RTI 1.0-3 where it took the time it
needed to perform its own processing. Note that tests with SAM Fed and RTI version
1.3-4 indicate the tick function works correctly.

HLA CERTIFICATION

The SAM Model Federate, version 1.0, was certified HLA Compliant by DMSO on 11
May 1998. The SAM Model Federate was the fourth federate ever certified, and the first
Air Force federate certified. The migration of the legacy model set is not yet complete.
However, the SAM model federate is in the process of being tested with all of the FMIC
missile models. When the testing is completed all FMIC missile models will be declared
HLA compliant.



LESSONS LEARNED

As with any new development effort, there were many lessons learned from the SAM Fed
project. Some of the most significant are listed below.

• We conducted the SAM Fed design and development with more confidence due to our
experiences with the prototyping efforts. The prototype development approach
allowed for experimentation on a functional federation early in the project.

• Lots of memory, RAM, is necessary for fast execution times.
• Fast ethernet, 100Mbit, is necessary where high update rates are utilized (greater than

60 Hz).
• Minimalist design approach from the beginning of the project helped to ensure

meaningful communication was managed correctly, and minimized the overhead of
seldomly used variables.

• The use of a single homogeneous source code that delineates between the federates by
setting environment variables at runtime simplified configuration control. In addition,
the federates are easy to execute via short batch files or shell scripts. The end product
is capable of running one or all federates from the same code.

• Building a federation from legacy code proved very beneficial in both the
implementation phase as well as the testing phase of development. The federation
results are easily verifiable when compared to the legacy results.

• Configuration control is a must with any development project. Clear and easy to
follow control procedures for multiple member development teams help ensure the
procedures are followed.

• In the design of a real time federation, attempts should be made to keep high data rates
off the RTI and contained within individual federates.

LIVE RANGE PARTICIPANTS

We are currently studying the feasibility of implementing a live test range federate. We
have capitalized on our SAM Fed efforts by replacing the target federate with a live test
range federate to provide time, space, and position (TSPI) information as input to the
federation in real time. Feasibility tests with the SAM Fed have been performed with live
aircraft on the Eglin test range via a real time TSPI data processor.

REMOTE OBSERVER FEDERATE

Remote viewer federates provide a means of receiving federation data in an unobtrusive
manner for use in plotters, loggers, and visualizers. We have developed two remote
viewers for use with the SAM Fed. Our Plot federate produces a plot of the target and
missile objects over a North versus East plot and an Altitude versus Downrange plot. The
Plot federate provides clear situational awareness when observing the SAM Fed



execution. We developed the Engineering Unit Display (EUD) federate to provide a real
time listing of all SAM Fed FOM attributes to the screen. The EUD has proven to be a
valued diagnostic and evaluation tool. Since each of the remote viewer federates run as a
single user-interface thread, they can run under WindowsNT or Windows95.

FUTURE ENHANCEMENTS

Some of our planned future enhancements include:
1. We plan to integrate test range assets as SAM federation participants.
2. We plan to continue investigation of ways to utilize new versions of the RTI to enable

us to abandon our federate data ‘bundling’ concept, while still maintaining real time
performance.
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ABSTRACT

This paper describes the experiences and final design of one team in a senior design
competition to build a soccer-playing robot. Each robot was required to operate
autonomously under the remote control of a dedicated host computer via a wireless link.
Each team designed and constructed a robot and wrote its control software. Certain
components were made available to all teams. These components included wireless
transmitters and receivers, microcontrollers, overhead cameras, image processing boards,
and desktop computers. This paper describes the team's hardware and software designs,
problems they encountered, and lessons learned.
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INTRODUCTION

During the 1998-1999 school year, the Brigham Young University Department of
Electrical and Computer Engineering sponsored a senior project program involving
twelve students (four teams of three students each) in designing and building one-on-one
soccer-playing robots [1]. The project was part of a pilot program initiated and advised
by Dr. James K. Archibald and Dr. Randal W. Beard. The purpose of the pilot program
was to implement a framework to administer various types of senior projects, meeting
ABET 2000 requirements and providing a team-based multidisciplinary design
experience to graduating seniors. A number of similar robot design projects have been
used successfully at other universities to provide this multidisciplinary team-based
approach (for example, see [5] and [6]). The BYU program was intended to reinforce
important skills not normally emphasized in the curriculum, as well as polish technical,
presentation, and writing skills.



One of the key objectives of a university senior design project is to emulate the design
process and experience that engineers will experience once they leave the university. The
design teams involved in the Robot Soccer project worked independently to create the
soccer-playing robots, and a competition was held between the robots at the end of the
final semester.

DESIGN CONSTRAINTS AND PROJECT FRAMEWORK

One focus of the senior project program was to require the teams to gather their own
body of facts and make design decisions based on their findings. The four teams were
essentially given free rein in the design, although a rigorous top-down approach to the
design was recommended. A framework of initial design criteria and rules was
developed, based on the RoboCup Small-Size Robot League regulations with a few
modifications [2]. Robots were required to fit within a 10"x10"x10" cube, allowing
somewhat larger robots than in the RoboCup small-robot competition.

Throughout the first of two semesters, a class was held once each week in which students
were able to discuss various topics related to robot design. These topics included project
management, RF communications, vision processing, construction materials, motor
dynamics, and related items of interest. Design reviews were held at the end of the first
semester to evaluate the teams’ progress and to give students the opportunity to present
their final design proposal. Design reviews and checkpoints were held several times
during the second semester.

To assist the students in the top-down design of their robots, several control documents
were required at the design reviews. These documents included Functional Specification,
Concept Design & Evaluation, and Product Features & Specifications documents, as well
as project schedules.

A final competition was scheduled for the end of the second semester, at which time the
robots competed against each of the other teams' robots one-on-one. The assistance of the
International Telemetering Foundation was instrumental in the success of the project, and
a cash prize incentive of $1000 to be shared among the designers of the winning robot
was provided by ITF.

AVAILABLE RESOURCES

Each team was equipped with a Motorola* 68HC11 microcontroller on MIT's Handy
Board, Linx RF transmitters and receivers with demo prototyping boards, and access to
computers in the laboratory with Microsoft Visual C++ and GNU gcc compilers. In

                                                       
* Motorola is a registered trademark of Motorola, Inc.;  Linx is a registered trademark of Linx Technologies, Inc.;  Microsoft
is a registered trademark of Microsoft, Inc.;  Cognachrome is a registered trademark of Newton Research Labs.



addition, two CCD cameras and two host computers (each with a dual-boot
Linux/Windows 95 setup) were set up in the lab. Cognachrome Vision System image
processing boards from Newton Laboratories were provided for each camera.

The overhead CCD camera and vision processor board were used to determine the
positions of objects on the playing field. The camera transmitted an NTSC video signal to
the vision board, which could track objects of particular colors on three separate channels
concurrently at data rates of up to 60 frames per second. This data could be used to track
the locations and trajectories of a robot, its opponent, and the "soccer ball" (a colored golf
ball).

Although the above items were available to every team, individual teams could opt to
obtain and use sensors and other devices for tracking and navigation. Any other materials
needed for the construction of the robots were obtained as needed. The students were
limited to a fixed out-of-pocket expense, but department funds were available for
materials which could be reused for future robots.

The playing field was built by department technicians according to the RoboCup Small-
Robot League regulations. The basic setup of the playing field and camera system is
shown in Figure 1.

       

To Vision
Board and
Computer

Playing Field and Camera Setup

Figure 1.



SPARCC’S DESIGN PROCESS

SPARCC, whose name is derived from "Soccer-Playing Autonomous Robot with Camera
Control," was one entry in the BYU robot soccer competition [3]. SPARCC’s
designers—Jed Kelsey, Ron Ward, and Jonathan Waite—were all seniors graduating at
the end of Winter semester 1999. Each brought a different background and set of skills to
the project.

SPARCC’s design was completed in several stages. First its basic physical structure and
functionality was designed, followed by the software algorithms. Both the hardware and
software design processes proved to be iterative in nature. Regular design reviews helped
refine and solidify initial design goals and target specifications. As the design matured,
many of the original design goals were met, while others were discarded as being
unneeded or no longer relevant. A working prototype was built in January 1999, and
software for the host computer and embedded microcontroller was written later that
semester.

The images in Figure 2 below show SPARCC’s physical construction, and Figure 3
describes the system data flow.

    
Figure 2.
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HARDWARE

Because of its strength, unique appearance, and workability, Plexiglas was selected as the
primary building material for the prototype, while aluminum was initially considered as
material for the final robot. However, upon more research and testing of the Linx RF
transmitter/receiver pair, it was discovered that proximity to flat sheets of a conductive
material could cause communications disruption due to shielding and destructive
interference. For this reason, the Plexiglas model was chosen for the final design.

The V-shaped front end of the robot was designed to help “funnel” the ball into kicking
position. In addition, the V shape prevents the ball from sliding off of the front of the
robot when pushing it. The depth of the V was limited by the requirement that at least
half the ball must be visible from the side; the robot could not “trap” the ball and would
lose it with a sudden turn. All of the teams utilized this basic V shape for the front end of
their robots.

SPARCC’s designers felt that the ability to kick the ball from across the field was an
important factor in gaining an advantage over opponents in a soccer game. A feature
unique to SPARCC was the pneumatic ram-operated kicker. A standard, inexpensive CO2

cartridge such as those used in paintball guns was utilized to provide the thrust needed for
kicking the ball. Testing showed that typically around 20 kicks were possible per
cartridge.



The pneumatic kicker was chosen in preference to other considered options such as
solenoids or servo motors. The CO2 system was fairly lightweight and consumed very
little battery power, an advantage over both of the other two options considered. In
addition, it was easy to replace the cartridge. At the end of the final semester, SPARCC
was the only robot with a kicker. The other teams opted to push the ball around with their
robot rather than “kick” it.

The robot was designed with a differential drive, permitting a near-zero turn radius.
High-quality geared Maxon motors were used to drive the robot. Camera feedback, rather
than encoder data, was used to ensure straight travel by the robot. To prevent undesired
overshoot by the proportional control and collisions with the walls or other robots,
“brakes” were added to the robot. In essence, this was done by using relay contacts to
disconnect the motor drivers and provide a short circuit across the motors. The back-emf
of the spinning drive motors then quickly stopped the robot. Of the four robots in the
competition, SPARCC was the only robot designed with brakes.

The overhead camera and vision processor board were used to gather global positioning
data of SPARCC, its opponent, and the soccer ball. The data was then corrected for the
camera’s fisheye effect by SPARCC’s software interface on the host computer, which
processed the information and made control decisions for the robot.

Use of sensors in SPARCC was limited to this overhead camera. A Linx RF
transmitter/receiver pair was used to implement a one-way link from the host computer to
the robot. The one-way nature of the communication link effectively prohibited the robot
from providing sensor feedback to the host computer. However, the camera provided
updates at a high enough rate--and with sufficient accuracy--to ensure that additional
onboard sensors, such as wheel encoders and microswitches, were not required for
operation.

Using the Linx transmitter and receiver on the prototyping boards enabled one-way serial
communications from the host computer to the robot with very few hardware
modifications to the prototype boards. Upon testing the Linx boards, it was discovered
that some characters were incorrectly transmitted if a header character was not
transmitted immediately preceding it. However, without using interrupt-driven serial
communications for the robot’s microcontroller (on the Handy Board), the second
character would be dropped if the header character was not removed from the serial input
buffer soon enough.

Due to lack of time, the interrupt system was not implemented. Instead, a simple protocol
for transmitting information from the host computer to the robot was developed as a
tradeoff between the Linx board's problems with transmitting single characters and the
Handy Board's tendency to drop characters when simply polling the serial input buffer.



This tradeoff meant that certain characters were not used, as they were not transmitted
correctly by the Linx transmitter without an appropriate header sequence. Using this
protocol, all required control information for the robot could be transmitted in a single 8-
bit character. A simple repeated transfer of the same character was used to detect
transmission errors.

SOFTWARE

Each team had to make decisions as to whether major data processing and computations
were to be done on their robot’s microcontroller or on a host computer. In SPARCC’s
case, it was decided that all video processing and decision-making were to be done on the
camera's vision board and on the host computer. The program executing on the robot's
microprocessor simply handled data reception on its serial line and controlled motor
speeds and kicking actions. Thus the program onboard the robot was a simple one which
polled the serial buffer for new commands and executed them immediately.

The control software running on the host computer was entirely coded in C, and compiled
with Microsoft Visual C++. The user interface to the control program is shown in
Figure 4.
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The host computer program used a serial data connection with the vision processor board
to download camera frame grab images and object tracking data. Tracked objects were
displayed in a graphical user interface and were used to make control decisions based on
selected behavior modes.

The host computer’s control interface shown in Figure 4 was built as a multithreaded
application. The graphical user interface and datapoint conditioning routines (for removal
of camera fisheye effect and noise) constituted the main thread, while serial
communication with the vision board had separate threads for reading and writing.
Calculations, decision-making, and the robot’s proportional control all worked within
another thread of execution, as did the object tracking display.

The interface was designed to function at several levels of abstraction. At the lowest
level, the robot could be controlled manually by setting the desired motor speeds and
clicking on the control pad at the right to make the robot move, brake, or kick. In
addition, the software allowed manual or automatic control of the camera and vision
board. Behavior schemes were selected at the start of each round, and included offense,
defense, and field positioning schemes.

Serial port settings for the camera system interface could be controlled manually for
interfacing with different vision processor boards or at different speeds. By default, the
settings for Newton Labs’ vision processor board were selected. Serial communications
status messages for buffer overruns and other problems were displayed in a separate box.
The serial interface portion of the control application was based on a multithreaded TTY
communications example program distributed with Microsoft Visual C++.

Communications protocols for the vision system were built in to the interface and could
be modified onscreen by the user. Each of the three object-tracking channels was
individually trained to a desired color by pressing the appropriate button on the interface
screen. Two tracking modes could be selected: a test mode in which object tracking
information was displayed textually in the interactive interface screen, and a tracking
mode for real-time tracking and control of the robot. Tracked objects were displayed in
real-time in the field display at the bottom of the screen.

Once tracking was initiated, the application utilized a simple hybrid proportional control
to maneuver the nonholonomic robot around the field. The control featured decoupled
angular and translational proportional control during travel to minimize angle and
distance errors. Behavior was based on distinct states or modes of operation, depending
on the selected behavior scheme. Modes included stationary orientation, braking, and
linear movement. Switching between these modes of operation was based upon
SPARCC’s proximity and relative positioning to the walls, opponents, and the ball.



PROBLEMS ENCOUNTERED

One of the most difficult challenges our team faced was inconsistency in color training
and tracking with the vision system. The vision system did not work as well as hoped
without near-perfectly uniform lighting conditions (which are difficult to maintain), and it
had problems differentiating between and tracking certain colors. Camera parameter
variations, nonuniform lighting conditions, and limitations in the vision board’s color
lookup table caused the board to lose track of certain objects in portions of the field—
especially the corners. With more time, a better lighting scheme could be implemented to
help eliminate these “blind spots.”

Another challenge we faced was with the late arrival of much of the hardware to be used
in the project (particularly the camera system.) With more time to work with the actual
hardware, implementation would have been completed more quickly. In addition,
beginning design and implementation of software control algorithms earlier would have
helped us greatly. We also ran into problems with memory leaks in the initial design of
the multitasking host computer program, which set us back somewhat in our project
schedule. It would have helped to start software design earlier in order to relax time
constraints due to software problems.

Given one or two more months, we would have finished implementing the camera frame
grab functionality. This would enable us to automatically generate a lookup table for
camera fisheye correction. In addition, we could have expanded and improved our
behavior-defining algorithms and improved the interrupt-driven buffered serial
communications by writing a better interrupt service routine for the robot
microcontroller’s serial port.

Interrupt-driven serial communication on the robot would enable multi-character or
binary stream transmissions, and permit the use of a larger command set. In addition, it
would allow faster transmission of data on the serial line. We spent a large portion of
time testing and adjusting the Linx transmitter and receiver, and multi-character
transmission packets seemed to be more reliable and less prone to noise. If interrupt-
driven communications had been established, we could have transmitted data more
efficiently and quickly.

Control logic, behaviors, and the hybrid proportional control logic would have been
greatly improved if we had a little more time to spend testing and debugging. Two-way
communication between the robot and the computer would be a great asset, since it
would allow more sophisticated error checking and feedback from additional sensors.
Encoders on the wheels would further stabilize the robot’s movement, and an infrared
phototransmitter/receptor would help us to determine with better accuracy when the ball
was in the appropriate position for kicking.



RESULTS AND CONCLUSIONS

The Robot Soccer senior project was a great introduction to the field of robotics and
autonomous control. The project incorporated many different fields of expertise and
experience within the design teams and demonstrated the importance of teamwork and
top-down design methodology. It also emphasized the importance of efficient, reliable
data collection and the need for precision and efficiency in communication, both between
system components and system designers.

Design of the SPARCC’s hardware took less than 30% of the total design time required
for the project. Most of the remainder of design time was spent programming the host
computer's graphical user interface and developing supportive control behavior, and in
testing and tuning the program. Although SPARCC did not win the competition ending
this year’s Robot Soccer project, it was very competitive.

The breadth of experience gained designing, testing, and running SPARCC in
competition with the other teams’ robots was invaluable to each of the designers, as were
the insights gained from the other teams’ ideas and systems. In addition, the experience
gained from developing SPARCC should prove invaluable in the author’s graduate
research work in BYU’s Multi-AGent Intelligent Coordinated Control (MAGICC)
laboratory [4]. He will also be working as a teaching assistant for next year’s robot soccer
senior project program.

The team-based, structured design methodology required for this senior project was
essential for SPARCC’s successful completion. The faculty’s emphasis on control
documents was a great help in focusing our efforts and solidifying design concepts.
Design tasks and responsibilities were divided among the three members of SPARCC’s
design team, and regular design reviews helped keep us on track. Classes during the first
semester were very informative, although much of the lecture material was theoretic in
nature and not directly applicable to the project.

Based on the responses of the faculty, SPARCC’s design team members, and the other
students involved in this year’s robot soccer senior project, the program was successful in
providing the students with an excellent multidisciplinary, team-based engineering
experience. The senior project was very time-consuming, with most students working
well over the 100 hours required for senior projects. Most of the groups found they were
running short on time at they end of the final semester. Subsequent senior projects will be
based on a more aggressive schedule to assist students in meeting design goals earlier in
the project timeline. In addition, completion of the project will be worth more than the 1
credit hour which was given to students completing this year’s project.
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ABSTRACT

During the NASA Ka-band propagation experiment it was discovered that rainwater on
the antenna caused significant attenuation. It is necessary to estimate the losses caused by
water on the antenna in order to separate these losses from the atmospheric propagation
losses. A prediction model is developed for losses caused by rainwater on a satellite dish
antenna. The model is based entirely on physical parameters including elevation angle,
dish diameter, focal length, properties of present coating layers, feed window properties,
frequency, polarization, water temperature and rain rate. The prediction model is
implemented using Matlab and has been tested against experimental data.
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INTRODUCTION

The Advanced Communications Technology Satellite (ACTS) propagation experiment
measured atmospheric propagation effects using two beacon signals at 20.2 GHz and 27.5
GHz [1]. Seven identical ACTS propagation terminals made measurements in different
climatic zones from Alaska to Florida. The measurements are being used to develop new
atmospheric propagation models and to improve upon existing models [2]. The
measurements include both atmospheric losses from propagation through rain and surface
attenuation due to water on the antenna. The atmospheric losses are totally independent
of the particular antenna design and geometry while the surface attenuation depends
mostly on the geometry and design of the antenna. It is therefore desirable to have
separate prediction models for these two phenomena. In order to use the ACTS
measurements, which include both effects, to verify and develop atmospheric propagation



models, it is necessary to first subtract the surface attenuation effects from the
measurements.

In this work a model for predicting the surface attenuation effects due to rainwater on the
antenna is presented. The model is based only on physical parameters. Experiments were
conducted to verify the model. In the experiments a rain simulator, consisting of a tall
frame equipped with sprinkler heads, was used to produce rain on the antenna on a clear
day. With this configuration, the atmospheric propagation losses were eliminated, thus
allowing the losses due to water on the antenna surfaces to be measured directly.

PREVIOUS WORK ON ANTENNA WETNESS EFFECTS

One of the first attempts to model wet antenna effects was by Blevis [3], who reported
both the losses due to water on a dish and a feed horn. The analysis of the dish was
simplified to a uniformly thick water layer covering a plane conductor, and the feed
analysis was simplified to a uniform water layer surrounded by air. Only normal
incidence was considered so that the polarization could be ignored. In some cases a
reflector is not a perfect conductor, but has one or more coating layers on top of the
conductor. In the presence of a coating layer, Blevis' analysis is no longer valid.

More recently, Cheah [4] focused on the wet antenna effects at frequencies below 20
GHz. Cheah's analysis is similar to Blevis' in that a uniformly thick water layer covering
a plane conductor is considered. Only normal incidence is assumed and coating layers on
top on the conductor are not considered.

Ramachandran [5] developed an attenuation model related to the rain rate that included a
non-uniform water layer. However, the water thickness distribution is only considered
along a line down the center of the reflector rather than for the true parabolic surface. In
addition, a scaling factor was used for the viscosity of water to account for the surface
roughness. This scaling factor was determined experimentally making the model specific
to the particular antenna design that was used in the experiment. Additional uncertainty in
the model is also introduced due to the uncertainty in the measured parameter.

In this work we have extended the Ramachandran model to the case of the reflector being
modeled as a true parabolic surface and the viscosity-scaling factor has been eliminated.
Also, the polarization and the parabolic space and edge taper distributions have been
accounted for.



THEORETICAL CONCEPTS

This section contains a brief explanation of the theoretical concepts behind the surface
attenuation prediction model; see [6] for a further details. The effects of water on both the
parabolic reflector and the feed horn window are determined separately, however the
analyses are similar for both surfaces. The attenuation for each surface is determined in
two steps: first the thickness of the water layer covering the surface is determined and
then the attenuation caused by the water layer is determined.

In order to estimate the thickness of the water layer on top of the reflector a differential
equation must be solved. The input of water is quantified by the rain rate, or the time
derivative of the rain accumulation. Rain accumulation is defined as the volume of water
accumulated from rain per unit collection area. The rain accumulation has units of
millimeters, and the rain rate is given in millimeters per hour. The collection area for the
rain is the parabolic surface of the dish. The differential equation includes the rain rate,
and the effects of the gravity and the viscosity of the water. The equation for a three
dimensional, gravity-driven flow can be expressed as,
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where V is the net volume flow of water into the unit volume, rrh is the component of the
rain rate that is perpendicular to the collection area, A. Further, τ1 is the shear stress at
surface S1, τ2 is the shear stress at surface S2, µ is the viscosity of the water, h1 and h2 are
the thickness of the water layer at surface S1 and S2 respectively, and h' is a variable of
integration. This situation is shown in Figure 1.
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We are interested in the steady-state thickness of the water layer, which is found by
solving for ∂V/∂t = 0. Two boundary conditions are applied: no slip at the surface of the
dish (h = 0) and zero shear stress at the water-air boundary. The two boundary conditions
can be expressed as,

          hg xρτ =)0(  and 0)( =hτ ,        (1-2)

where τ(0) is the shear stress at the water-dish boundary, τ(h) is the shear stress at the
water-air boundary, ρ is the density of the water, gx is the component of the gravity along
the surface of the dish in the direction of the flow, and h is the thickness of the water
layer. Using a computer-based iterative approach, we can numerically solve the
equations.

The numerical approach that was selected consists of dividing the parabolic reflector
surface into 316 approximately equally sized surface elements and updating the thickness
of the water layer for each surface element iteratively until steady-state is reached. The
number of elements was based on simulation stability. The reflector surface is shown in
Figure 2. In the figure, the ith element is magnified and for this element the incidence
angle is θi and the incident electromagnetic field is inc

iŝ . Further, refl
iŝ  is the reflected field

and in̂  is the normal vector to the ith surface element.
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Figure 2. The reflector surface divided into 316 surface elements with one element
magnified

Next, the water thickness profile on the dish is modeled for one particular rain rate and
water temperature. The thickness profile can further be scaled based on physical
parameters to find solutions for other rain rates and temperatures. Both the viscosity and
the density of water can be derived from the water temperature by interpolation tables [7]
and this allows for calculating the thickness profile for any given temperature and rain
rate. This is important because from only one simulation with one fixed rain rate and
temperature, the thickness distribution for other rain rates and temperatures can quickly



be calculated without having to do another numerical simulation. Figure 3 shows the
water thickness profile for a 1.2 m offset fed reflector at 52° elevation angle with water
temperature of 20°C at rain rate of 35 mm/hr. A grayscale is used to indicate the
thickness of the water layer. A white element has 0 thickness, and a black element has
water thickness of 0.2 mm. The black circle indicates the rim of the dish and the elements
outside the rim were included only to complete a square array in order to simplify the
computer implementation, these elements are set to zero thickness and do not affect the
simulation.

The next step is to find the corresponding signal attenuation. Each surface element has a
water thickness and an incidence angle associated with it (as shown in Figure 2). For each
element, multiple dielectric layers are assumed over a perfectly conducting reflector. The
layers are the conductor, the dielectric coating layers (if any), the water layer and the air.
The boundary conditions are applied to each interface between adjacent layers and the
ratio of the total reflected field to the incident field is calculated. Two distinct
polarization senses are identified, parallel and perpendicular to the plane of incidence,
and the incident field is decomposed into these two components. If the thickness of
the water layer and the dielectric coating layer is close to one half wavelength, the first

Figure 3. Water thickness distribution at 52° elevation angle



reflection from the conductor will have traveled one half wavelength longer than the
reflection directly from the water layer have. This results in a 180° phase shift and the
two dominating reflections tend to cancel each other resulting in maximum attenuation.
Figure 4 shows the electrical model for each surface element on the reflector, (a) shows
the case of no coating layer and (b) shows one coating layer.
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Figure 4. Electrical model of reflectors with and without a coating layer

The attenuation is calculated by finding the transfer function for the reflected field with
respect to the incident field.
Figure 6 shows the resulting attenuation as a function of the thickness of the water layer.
The graph on the left shows how the attenuation depends on the angle of incidence and
polarization for a dish with no coating at 20.2 GHz. The graph on the right shows the
effects of a 0.3 mm coating layer with dielectric constant of 4.6 at frequencies 20.2 GHz
and 27.5 GHz. Note that in the presence of a coating layer, the peak attenuation shifts
towards thinner water layers.

Figure 6. Incidence angle dependency and the effects of coating layers
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Surface roughness is caused by small random topographical features on top of the
reflector surface that will affect the expected attenuation. Here we have chosen to model
the surface roughness as a periodic pattern of gratings with known depth and area. The
grating depth is expressed in millimeters and the area is expressed as a percentage of the
total surface area of the reflector. A simple approximate approach is used to estimate the
scattering from the rough surface.

Modeling the feed horn is similar to modeling the reflector in that the water layer is first
determined then the attenuation caused by the water layer is calculated. However, since
the feed window surface is much smaller than the reflector and is not curved the analysis
is much simpler. The water flow differential equation is simple and the steady state water
thickness can be solved for in closed form. The solution to this equation gives the
thickness of the water layer as a function of the distance downward from the top of the
feed window.

After the water thickness is determined, the attenuation is calculated. Again, multiple
dielectric layers are assumed and the ratio of the field transmitted through to the incident
field is determined using the boundary conditions. Finally, the total attenuation is found
by adding the effects of the water on the reflector and the feed window.

EXPERIMENTAL VALIDATION

For the theoretical model predictions in this section the APT 1.2 m offset-fed prime focus
parabolic reflector was used. The reflector has a 0.254 mm (0.010") layer of SMC (Sheet
molding compound) and a 0.05 mm (0.002") layer of silicon based paint. It should be
noted that this is a poor reflector design for a Ka-band antenna since the relatively thick
coating layers causes significant attenuation when water is present. The experiments were
conducted at the New Mexico APT site where the elevation angle is 52°. The polarization
angle is 9.5° measured clockwise from vertical.

Two main types of experiments were used to verify the theoretical model: spray bottle
experiments and rain simulator experiments. In the spray bottle experiments, the feed and
the dish were sprayed with water separately and the effects of water on each surface were
determined. Since there is no rain rate in the spray bottle experiments, the attenuation at
27.5 GHz was plotted as a function of the attenuation at 20.2 GHz. Measurements at both
frequencies are made every second and each 'x' in the graphs of Figure 8 corresponds to a
measurement pair. Figure 8 (a) shows measurements from seven independent
experiments spraying the feed horn and Figure 8 (b) shows measurements from seven
separate experiments spraying the reflector. In both graphs, the solid line indicates the
theoretical model for the reflector and the dashed line is the theoretical model for the feed
horn.
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Figure 8. Spraying experiments compared with theory.

The measurements from the spraying experiments agree well with the theoretical
prediction model. However, the attenuation versus the rain rate has not been tested. The
rain simulator was designed to create a more rain like situation such that the predicted
attenuation versus rain rate could be tested experimentally. The rain simulator consists of
a tall frame with seven individually controlled sprinkler heads equally spaced along the
top to give variable rain rates. The rain simulator experiments were conducted on days
with clear skies, so that only the antenna wetness effects are included in the
measurements and atmospheric rain effects are excluded. A capacitive rain gauge was set
up close to the antenna to monitor the rain rate during the experiments. Unfortunately, the
estimation error in the rain rate derived from the capacitive rain gauge can be significant
(10 mm/hr). In addition to the error in the rain rate estimate, there is also measurement
uncertainty in the beacon measurements and random error due to wind. In Table 1, an
error budget including these three effects is calculated in order to estimate an upper
bound on the standard deviation between the prediction model and the measurements.
The values used for the beacon measurement error has been reported by Bauer, [1]. The
other two effects were calculated for the New Mexico APT antenna, for rain rates
between 10 and 30 mm/hr. For detailed explanations on how the numbers used in the
error budget were calculated, see [6].

Table 1. Error budget (upper bound on the standard deviation)
Effect 20.2 GHz 27.5 GHz
Beacon measurement error 0.3 dB 0.5 dB
Rain rate estimate error 0.4 dB 0.6 dB
Wind 0.4 dB 0.7 dB
Total 0.6 dB 1.0 dB



The prediction model assumes a perfectly matched receiver. However, there is an
impedance mismatch for the 27.5 GHz receiver and this mismatch could possibly cause
some offset error between the model and the measurements at 27.5 GHz. This mismatch
error has not been quantified.

The prediction model is tested using the estimated rain rate to predict the attenuation due
to water on the antenna. The predicted attenuation is then compared with the measured
attenuation. Figure 9 shows the predicted and the measured attenuation at 20.2 GHz (a)
and 27.5 GHz (b).
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Figure 9. Measured and predicted attenuation during experiment 1

During a second experiment with the rain simulator only one sprinkler head was active.
This resulted in a lighter, less uniform rainfall. The attenuation predicted using the
measured rain rate is compared with the measured attenuation in Figure 10.

In experiment 1 and 2, the error was calculated by subtracting the predicted attenuation
from the measured attenuation. The mean and standard deviation of the error is tabulated
in Table 2. The mean error indicates the offset error between model and measurements.
As can be seen from Table 2, the offset error at 20.2 GHz is negligible for both
experiments. The offset error at 27.5 GHz is somewhat higher, which may partly be
caused by the impedance mismatch in the 27.5 GHz receiver. The observed standard
deviation for both frequencies are within the bounds calculated in Table 1.



Experiment 2: Rain simulator (20.2 GHz)
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Figure 10. Measured and predicted attenuation during experiment 2

Table 2. Difference between measurements and model

Mean error
20.2 GHz

Mean error
27.5 GHz

Standard deviation
20.2 GHz

Standard deviation
27.5 GHz

Experiment 1 +0.06 dB +0.35 dB 0.27 dB 0.27 dB
Experiment 2 -0.07 dB -0.60 dB 0.58 dB 0.79 dB

CONCLUSIONS

At Ka-band both water in the atmosphere and water on the antenna surfaces are
significant sources of attenuation. As an example, consider that propagation through
water at 30 GHz attenuates as much as 15.7 dB per millimeter [8]. It is therefore
important to develop good rain attenuation models in order to design effective and
efficient Ka-band communication systems. Because atmospheric rain attenuation and
antenna wetness effects are of a different nature, separate models for the two phenomena
are necessary. In this work, a prediction model for the attenuation caused by water on the
antenna surfaces was developed and implemented. The main advantage of this model is
that it is based only on physical antenna and system parameters and not experimental
data. This makes the model applicable any geographical location and to a wide range of
antenna designs.

The model was developed for predicting the antenna wetness effects present in the
measurements in the NASA Ka-band propagation experiment, in order to separate these
losses from the atmospheric losses during rain. The model can also be used for other



applications, such as planning the link budget for a Ka-band communication system. This
can be accomplished by first obtaining the local rain statistics, then using the prediction
model rain rate can be converted into expected attenuation. Based on percentage of time
availability requirements the corresponding necessary antenna wetness margin can be
determined. Another application for this attenuation prediction model is to analyze
different antenna designs in order to find the design best suited for a planned Ka-band
communication system. The antenna parameters needed in the model are fairly standard
and can normally be obtained from the manufacturers.

REFERENCES

[1] R. Bauer, “Ka-Band Propagation Measurements: An Opportunity with the
Advanced Communications Technology Satellite (ACTS),” Proceedings of the IEEE, pp.
853-862, June 1997

[2] R.K. Crane, A.W. Dissanayake, “ACTS Propagation Experiment: Attenuation
distribution observations and prediction model comparisons,” Proceedings of the IEEE,
pp. 879-892, June 1997

[3] B.C. Blevis, “Losses due to Rain on Radomes and Antenna Reflecting Surfaces,”
IEEE Transactions on Antennas and Propagation, vol. AP-13, pp. 175-176, January
1965.

[4] J.Y.C. Cheah, “Wet antenna effects on VSAT rain margin,” IEEE Transactions on
Communications, vol. 41, no. 4, pp. 1238-1244, August 1993

[5] D. Ramachandran, “Effect of Water on Antenna Surface,” MSEE Thesis,
University of Oklahoma, Norman, 1997

[6] A. Borsholm, "Modeling and Experimental Validation of the Surface Attenuation
Effects of Rain on Composite Antenna Structures at Ka-Band," MSEE Thesis, New
Mexico State University, Las Cruces, 1999

[7] F.W. Schmidt, R.E. Henderson, C.H. Wolgemuth, Introduction to thermal
sciences, John Wiley & Sons, New York, NY, pp. 179-206 and 426, 1993.

[8] L. A. Klein, C. T. Swift, “An Improved Model for the Dielectric Constant of Sea
Water at Microwave Frequencies,” IEEE Transactions on Antennas and Propagation,
Vol. AP-25, No. 1, pp. 104-111, January 1977



THE IMPLEMENTATION OF NASA’s
LOW EARTH ORBITER – TERMINAL

AS AN AUTONOMOUS GROUND NETWORK ASSET

Steven N. Bundick
National Aeronautics and Space Administration

Goddard Space Flight Center
Wallops Flight Facility

Wallops Island, Virginia

Steven E. Kremer
National Aeronautics and Space Administration

Goddard Space Flight Center
Wallops Flight Facility

Wallops Island, Virginia

ABSTRACT

As part of NASA’s goal to reduce costs for satellite telemetry and command ground
support, the ground network has installed two autonomous ground terminals known as
Low Earth Orbiter – Terminal’s, or LEO-T’s. These systems are highly automated and
were developed to prove the feasibility of supporting multi-mission satellites in a hands-
off mode.
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NOMENCLATURE

ATSC AlliedSignal Technical Services Corporation
DTI Datron-Transco Incorporated
FTP File Transfer Protocol
FUSE Far Ultraviolet Spectroscopic Explorer
GSA Ground System Administrator
IIRV Improved Inter-Range Vector
IONet IP Operational Network



ISDN Integrated Services Digital Network
ISI Integral Systems Incorporated
JPL Jet Propulsion Laboratory
LEO-T Low Earth Orbiter - Terminal
NASA National Aeronautics and Space Administration
NORAD North American Air Defense Command
SNOE Student Nitric Oxide Explorer
SGP4 Simplified General Perturbations (Version 4)
STOL Satellite Test and Operation Language
TCP/IP Transfer Control Protocol/Internet Protocol
TLE Two-Line Element
UDP User Datagram Protocol
WFF Wallops Flight Facility

INTRODUCTION

In response to a budgetary environment that required meeting customer requirements at a
lower cost, NASA was motivated to develop a lower cost method of providing spacecraft
telemetry and command services without compromising the level of support that had
been expected in the past from their customers. NASA had made a decision to develop
many smaller, cheaper satellites rather than a few large spacecraft as was done in the
past. NASA was therefore being driven to provide more ground station capacity for
spacecraft telemetry and command services with this decreasing budget trend. Another
factor pushing NASA to develop alternative lower cost solutions were the many NASA
sponsored university class missions that were being driven to provide their own
spacecraft telemetry and command services due to the increasing load on the NASA
ground network. NASA’s solution for this ever increasing load and need was to use the
existing large aperture systems to support those missions requiring that level of
performance and to support the remainder of the missions with a smaller low-cost system
that would require much less operations oversight and routine maintenance.

In 1994 at NASA’s Jet Propulsion Laboratory (JPL), an initiative was started to develop a
highly automated ground system that would drastically lower the cost of providing
spacecraft telemetry and command services to many of NASA’s customers. The intent
was to develop a demonstration terminal and conduct tests with some of NASA’s newest
low earth orbiting spacecraft. This demonstration terminal developed at JPL provided
NASA with the foundation of what was possible with the current technologies to provide
a degree of automation currently unmatched for routine spacecraft support. After JPL had
proven what NASA had envisioned could indeed become a reality, NASA tasked
Goddard Space Flight Center’s Wallops Flight Facility (WFF) in Virginia to
commercially develop and implement a class of ground station known as the Low Earth
Orbiter-Terminal (LEO-T).



The needs of the customer were very important to NASA and therefore a driver behind
any design that was to be attempted. NASA introduced the concept to the many flight
projects that had been baselined as possible customers for the system. NASA’s then
Office of Space Communications hosted a conference with many of the flight projects in
attendance. The overall concept, the proposed system architecture, and the customer
interfaces demonstrated were all presented at the conference. Other than a few minor
enhancements and changes to better meet support needs, the flight project customers
were pleased with the new services NASA was intending to develop and provide.

The development team located at Wallops Flight Facility then began the task of
generating a specification that included all envisioned customer needs and interfaces. In
March 1996, NASA released a Request for Procurement for the LEO-T. The bid was
awarded to AlliedSignal Technical Services Corporation (ATSC) in June 1996. The
ATSC team consisted of Datron-Transco Incorporated (DTI) for the antenna subsystem,
and Integral Systems Incorporated for the control and automation subsystem.

IMPLEMENTED LEO-T DESCRIPTION AND CAPABILITIES

The LEO-T antenna system is a fully autonomous unstaffed system that can operate
without the existing NASA network operations support infrastructure. The LEO-T
provides a low-cost, reliable space communications capability to the expanding number
of low-earth orbiting missions. The system is also fostering developments that improve
cost-effectiveness of autonomous-class capabilities for both NASA and commercial
space communications use.

At this time, there are three LEO-T systems installed. The systems are located at the
University of Puerto Rico in Mayaguez; the Poker Flat Research Range near Fairbanks,
Alaska; and NASA’s Wallops Flight Facility in Virginia. The installed systems include
the 5-meter antenna subsystem, a radome to protect the antenna subsystem, and two racks
of support electronics that provide the full capabilities of the system.

The system in Puerto Rico was installed to support the FUSE spacecraft. The first
mission to officially use the other LEO-T systems in Alaska and Virginia is the SNOE
spacecraft being managed by the University of Colorado. Additional spacecraft are being
tested at this time and a number of small “explorer-class” missions are expected to be
large users of these systems in the coming year.

Future development work on the LEO-T will include adding two-way Doppler
measurement capability. This added feature will increase the LEO-T mission support list
even further.



The key characteristics of the LEO-T include:

System
Autonomous, multi-mission tracking system utilizing high level of COTS equipment
5 or 3 meter program track antenna housed in 28 foot diameter sandwich type radome
TCP/IP or UDP/IP used for all command, telemetry, and administrative data transfers
X-windows interface for scheduling and administrative functions
X-windows interface for monitor and control
Automated system diagnostic tests can be initiated locally and remotely
Y2K Certified
Downlink
2200 to 2300 MHz
Antenna option for X-Band receive
G/T of 17 dB/K (5 m) and 12 dB/K ( 3 m)
Maximum rates of 4 Mbits/sec (8 Msymbols/sec)
Second channel subcarrier support
Forward Error Correction and Reed-Solomon Symbol Correction
Real time telemetry data transfer limited to user data circuit bandwidth
CCSDS virtual channel stripping
System generates composite data files which are available for post-pass FTP
Uplink
2025 to 2120 MHz
EIRP of 89 dBm (5 m) and 84 dBm (3m)
Real time throughput commanding
Store and forward command capability utilizing COP-1 verification

LEO-T NETWORK COMMUNICATIONS ARCHITECTURE

The LEO-T utilizes a 10Base-T Ethernet interface for connectivity to the outside world.
All telemetry, command, and administrative data are transferred using TCP or UDP. The
LEO-T’s at WFF and Alaska are connected to the NASA IONet wide area network
centered at Goddard Space Flight Center in Greenbelt, MD. Connectivity between the
tracking sites and Greenbelt is via commercially available T1 communication circuits.
Users can access the LEO-T's by connecting directly to the IONet or by externally
connecting to the IONet through a gateway using various services such as ISDN. A
representative architecture of the NASA communications network is shown below in
Figure 2.



Figure 1: LEO-T Architecture
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Figure 2: NASA LEO-T Communications Architecture

LEO-T OPERATIONS

System Schedule

The LEO-T operates in hands-off mode during routine operational periods. System events
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Thursday schedule generation time, each user submits requested passes for the following
week. Pass requests are submitted via the LEO-T X-window administrative display.
Through this interface a user can either download a schedule request file or the user can
select requested passes from a candidate pass list box.

At the schedule generation time the LEO-T generates a conflict free schedule for the
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serve basis if time is available. Partial passes can also be schedule if there is a potential
conflict. It should be noted that system operators with administrative access have the
ability to add and delete passes for any mission at any time. System access levels will be
addressed later.

An organization operating LEO-T’s can bypass this user scheduling method if desired. In
many cases a service provider may find it more efficient to use a central scheduling office
that takes customer requests and generates conflict free schedules for a series of LEO-
T’s. In this mode, one schedule request file can be downloaded to a LEO-T from the
scheduling office with passes for all missions being supported. The system will use this
file to generate the weekly schedule.

Once a schedule is in place and the system is on-line, three types of events are initiated
according to the schedule: acquisition data retrieval, file maintenance, and pass events.

Acquisition Data

The LEO-T automatically acts as an FTP client and retrieves acquisition data files once a
day for each satellite being supported by the system. The number of retrieval times per
day is configurable. Files retrieved contain either NORAD two line elements (TLE’s) or
NASA Improved Inter-Range Vectors (IIRV’s). Each mission is configured to use one or
the other.

After the satellite acquisition data files are retrieved, predicted view times are generated
for the week and IIRV's are converted to TLE's. The predicted view times are used for
schedule generation, and the TLE's are downloaded to the antenna controller pre-pass.
The antenna controller contains a SGP4 propagator used to generate pointing angles
during a pass.

File Maintenance

System file cleanup and management is handled via the UNIX cron utility. Old
schedules, telemetry files, pass log files, and stored command files are automatically
deleted on a routine basis.

Pass Events

Pass events are started at the appropriate time according to the system schedule. The
system maintains a standby condition until this time arrives. At this point, the system
initiates the following automated pass sequence:



T-3 minutes
Pass start begins. Pass log file is opened. System executes internal bit error rate test.
Results are posted in pass log file.

T- 1 minute
Telemetry and station status TCP/IP socket connections (or UDP transfer) initiated by
LEO-T. Status packets are transferred once every 10 seconds for duration of pass.

T- 30 seconds
Uplink acquisition begins. The uplink transmitter is turned on and the un-modulated
carrier begins sweeping. The antenna maintains elevation pointing at the masking point
until the predicted elevation exceeds mask.

Acquisition of Signal (AOS)
Once the downlink is acquired, the system begins processing telemetry frames. Virtual
channel frames designated for real time transfer are stripped and forwarded to the user.
All frames are written to file. The uplink acquisition is completed when spacecraft lock is
detected. Lock can be detected by monitoring the CCSDS Command Link Control Word
(CLCW) radio frequency (RF) lock status in the telemetry frames or by monitoring the
downlink sweep for coherency with the uplink sweep. Once sweep is terminated,
command modulation is turned on, and the LEO-T system initiates the TCP/IP command
socket connection. Real time commands can now be received and forwarded to the
spacecraft. If the command portion of the pass is configured “store and forward”,
commands will be retrieved from file and sent to the spacecraft at the transmit time
associated with each command.

End of Pass
The uplink is turned off when elevation goes below masking and the antenna returns to
stow. Real time TCP/IP sockets are closed at this time.

Post Pass
The LEO-T commences FTP transfer of telemetry data files to the user. Data can be
stored as one composite file or as separate virtual channel files. Virtual Channel files can
be assigned priority to control the order in which files are transferred. Since the FTP
function is handled as a separate process, another pass can commence while the FTP
continues without impact to the real time support.

SYSTEM MONITOR AND CONTROL FEATURES

The LEO-T system can be monitored and controlled locally as well as remotely. Monitor
and control features, as well as system administrative functions, are accessed via X-
displays. All users are allowed access to administrative functions, but only operators with



ground system administrative (GSA) access have full access to all monitor and control
features, as well as the administrative functions.

General User Access
General users have access to administrative functions and a limited amount of system
control. The administrative functions include schedule display and submittal, and log file
display and retrieval. A general user is provided with several control features that are
enabled when that user's pass is in progress. The control features include uplink re-sweep,
terminate uplink acquisition sweep, uplink off, and pass terminate.

GSA Access
An operator logged in as GSA has access to all administrative functions listed above as
well as access to database configuration, automated system tests, and monitor and
control. The additional features are also accessed through the main LEO-T system
display.

Database Configuration
For each mission, one or more pass configurations are necessary. The LEO-T utilizes an
Oracle database for managing system and mission configurations. Pass configurations are
generated and edited via GUI windows by the spacecraft user.

Automated System Tests
A GSA user can initiate several automated system tests. These tests include G/T
measurements, servo tests, and the antenna North alignment procedure.

Monitor and Control
The LEO-T monitor and control features were implemented with ISI’s EPOCH 2000
software product. EPOCH 2000 is generally used for satellite control, but was adapted to
controlling ground system equipment in the LEO-T. Many automated events in the LEO-
T are executed using Satellite Test and Operation Language (STOL) procedures. This
built in flexibility allows a GSA user to modify certain pass events if required.
Procedures can also be generated for system and network testing. An EPOCH 2000 X-
display is used for initiating and editing any STOL procedures. This screen provides the
capability to display all parameters, or globals, that the system utilizes. The GSA user can
configure multiple windows to display any globals desired, generally with one window
for each subsystem. The window configurations can be stored and displayed as necessary.

LEO-T COSTS

The autonomous nature of the LEO-T has allowed NASA to lower the cost per pass for
satellites that can be supported by the system. This section defines the current cost



breakdown associated with using the LEO-T for support within the NASA ground-
tracking network.

The total cost to purchase a full S-Band uplink and downlink system with second channel
subcarrier support is approximately $1.5M. Spare equipment costs are approximately
$300K per system. Routine maintenance and system repairs require approximately 1/3 of
a man-year for a qualified field engineer and some expenditure associated with shipping.
This cost is approximately $26K per year for the labor and shipping to support this task.
Infrastructure costs include system installation and yearly utilities. Installation is a one-
time cost and can cost anywhere from $50K to $100K depending on the location. Annual
utility costs are averaging $15K. Administrative costs such as scheduling and logistics
are averaging $15K annually. As a baseline, these costs will be spread out over 5 years.
Therefore, the total cost for LEO-T operations over this 5-year period is:

System Cost $ 1500 K
Spares $   300 K
Maintenance/Repair Labor $   130 K (5 years @ $26K includes shipping)
Installation $   100 K (worst case)
Utilities $     75 K (5 years @ $15K )
Administration $     75 K (5 years @ $15K)

Total $ 2180 K

Naturally, the more passes supported by a single system, the lower overall cost per pass.
Using a polar site as an example, it would not be unreasonable to expect that a system
will support 12 passes a day at a minimum. Over the course of five years at this loading
level, a LEO-T will support approximately 21,900 passes. Dividing the total costs over
this time by the total number of passes results in an approximate cost of $100 per pass. It
should be noted that this cost does not include the cost of communications between the
LEO-T and the end users. Communications costs vary greatly depending on the location
of the ground station and the location of the end users. As a baseline, a T1 costs $40K per
month from Alaska to Maryland. If communication costs are passed on to the user using
the method above, an additional $110 per pass would need to be added to passes
supported at this polar site. This communications costs will be zero if the tracking system
and the user are co-located and the communications costs will be greatly reduced if the
LEO-T and the user are both located in the continental United States. Not all users will be
able to fund a system of their own and some may require a number of contacts from a
polar site. In this instance, a new mission may want to utilize the NASA LEO-T systems
rather than purchasing a new system. Again, these costs should be used as a reference
only, and are estimated costs based on the current operating environment.



CONCLUSION

The LEO-T's have been operational since January 1999. During this period, NASA has
been able to assess the reliability of the systems. The hardware that is more susceptible to
failure has been identified to improve the sparing philosophy. Software issues identified
early in the development phase have been identified and corrected. At this time, the
reliability of the system is above 95%. The operational cost savings NASA anticipated by
supporting the implementation of an autonomous ground station of this complexity has
proven to be a complete success.
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ABSTRACT

We present a novel communications link concept. This system offers the potential of low
data rate full-duplex communications between earth and LEO. We will present a detailed
link model for this system.
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INTRODUCTION

We present a model for an earth to low-earth-orbit optical communications system; the
planned experiment is called Lightweight Optical Wavelength Communications without A
Laser in space (LOWCAL.) The LOWCAL system modeled herein is designed to offer
very a lightweight, low power consumption, low data rate communications link from LEO
satellites. The system utilizes a novel architecture for a free-space optical communications
link. This link provides full-duplex communications on a single beam, utilizing a novel
concept that we have named the "Lightwire" concept. In addition, this system utilizes a
novel data format for free-space optical communications. The current proposed application
is a ground to LEO link. The concept however, is generally applicable to other free-space
optical communications systems as well.

In this system, the laser and the downlink receiver are both located on the ground. The
optical elements located on the spacecraft are the retro-modulator and a simple uplink
receiver. Data rates on the order of 10-kbps are currently possible without taxing the
current laser or modulator technology. In fact, the transmitter laser for such a system is a
semiconductor device. The envisioned system would include a Faraday Anomalous
Dispersion Optical Filter (FADOF) in the receiver to allow 24-hour operation of the
system. The FADOF is an ultra-high background rejection optical filter developed at New
Mexico State University. The FADOF is a key element in this system since it essentially



keeps the skylight from reaching the receiver while transmitting 80% of the signal photons.
Without a FADOF in the receiver the transmitted laser power would need to be increased
by a factor of 10 for the link to be feasible for daylight operation.

We present a simple feasibility model for the LOWCAL experiment that provides an
estimate of the performance capability and identifies the major system tradeoffs. In our
model we have calculated the required downlink receiver aperture, transmitter laser power,
retro-modulator aperture, and both the downlink and the uplink signal-to-noise ratios. We
have also taken into account the atmospheric distortions in our model. We will first discuss
the analysis of the downlink and then we will analyze the uplink.

THE LOWCAL DOWNLINK

Nearly all of the optical communications experiments to date have utilized either On-Off
Keying (OOK) or various coherent optical communications keying (PSK or FSK). We
chose to employ for the first time Circularly Polarization Keying (CPK) for our system. A
block diagram of the system is shown in figure 1. The diode laser system transmits a
constant average power beam to the spacecraft. The transmitted beam is directed through a
quarter-wave plate (λ/4 in figure 1) that will convert the linearly polarized laser beam into
a circularly polarized beam. The laser beam is then directed through the aperture-sharing
element (ASE) that is literally a mirror with a hole in it. The purpose of the aperture-
sharing element is to separate the transmitted and returned beam paths. The transmitted

Figure 1.
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beam directed through the hole in the mirror to the White Sands Missile Range Advanced
Pointer and Tracker (WSMR APT) and then to the spacecraft. In circular polarization
keying (CPK) the binary data is encoded in the polarization of the return beam. At the
spacecraft a liquid crystal (LCS) retro-modulator will flip the right-handed polarized light
into left-handed for a “1”. For a “0” the incident polarization is left unchanged. The liquid
crystal retro-modulator acts exactly like a corner cube reflector, that is the retro-modulator
directs the beam incident on the spacecraft directly back to the transmitting telescope.
Then the WSMR APT collects the downlink signal and directs the signal to the aperture-
sharing element (ASE). The downlink signal is reflected by the ASE and directed to a
beam splitter that sends 0.2% of the signal through a FADOF to the telescope’s active
tracking camera. Most of the return signal passes through the beam splitter to the receiver
quarter-wave plate (λ/4) which converts the left and right-hand circular polarized light into
two orthogonal linear polarizations. The linear polarizations are then separated in the
polarizing beam splitter shown in figure 1. Thus the end result is the photons that
constitute the “0’s” are sent to one FADOF and photo-receiver and the photons that
constitute the “1’s” are sent to another FADOF and photo-receiver. The final step is these
two signals are subtracted, hence this new format is differential circular polarization
keying (DCPK).

Two additional advantages of CPK are that we can retrieve non-zero signals for both state
and therefore we can detect the presence of both “0’s” and “1’s”. If V1 is subtracted from
V0, because V0 = -V1 at the threshold detector, the voltage difference between the high and
low has doubled. Thus we have increased the signal-to-noise ratio by an additional 6-dB
compared to what the signal-to-noise ratio would have been for the more conventional On-
Off Keying (OOK). In summary, DCPK is actually a 2-channel form of OOK, where for
DCPK we are detecting the difference between the signal in the two circular polarizations.
Thus our downlink is sensitive only to the average power received on each channel; this
will be utilized later. The other advantage of this is that since we always have some power
returning we can split off a few percent of the return signal and use that as our tracking
error loop signal with an intensified camera. CPK and DCPK are the first novel technical
features of this system.

SIMPLE DOWNLINK MODEL

Now we are going to model our LOWCAL experiment. During the communications mode
it is desirable to utilize a narrow transmit beam (~ 20-µradians) since this maximizes the
power incident upon the spacecraft for a given transmitter power. According to the Shuttle
Flight Dynamics Information Officer (FIDO)1, the typical ephemeris uncertainty is
approximately 1/3-milliradian. While it is possible to mechanically scan the WSMR APT,
it is difficult to obtain an open loop pointing accuracy of more than ± 100-µradians. This is
about 10 times the communications mode beam width; therefore this was not an acceptable



acceptable solution. Thus we will operate the system in two modes: first an acquisition
mode, and secondly, as soon as the signal is acquired, we will switch to the
communications mode. To ensure rapid tracking convergence the acquisition mode
transmitted beam will be wide (~ 2/3-milliradian) and a long receiver integration time will be
used. In the communications mode, the transmitted beam will be narrow (~20-µradians)
and the integration time short to allow data rates of up to 10-kbps. Therefore the link
equation for this system must be analyzed in both modes, the communications and the
acquire mode.

RECEIVED SIGNAL

The link equation for this system is
ionscintillatlaserMargin MPLP s −−−=  (1-1),

where powerlaser  trasmittedlaser =P ,
power signal optical received=sP ,

marginion scintillat opticalionscintillat =M  (5-dB according to Dr. Keith Wilson of JPL),
L = total link loss, excluding the scintillation losses.

The 5-dB optical scintillation margin provided a BER of ~ 10-3 to 10-4 in the recent GOLD
experiment2. The sum of the modulator efficiency loss, modL , the atmospheric propagation
loss, atmL , the telescope loss, TL , and the FADOF transmission loss, FADOFL , add up to
9.3-dB. The signal intercept efficiency loss, SIEL , is given by
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where A = receiver area,
R = distance from the emitter to the receiver (between 300 and 600-km in a typical

LEO2),
 = solid angle subtended by the transmitted beam.

In the acquire mode the uplink solid angles are, ∆Ωacquire = 3.6×10-7 sr and ∆Ωcomm =
4π×10-10 sr. Furthermore, the divergence of the return beam, θreturn, will be limited either by
the atmosphere to 10-µradians or by the diffraction of the transmitter optics, greater than
1.22λ/D (lower cost optics will have larger beam divergence.)

Using the 60-cm diameter WSMR Advanced Pointing Telescope as the receiver, and a 2-
inch retro-modulator, the total round trip signal intercept efficiency losses are 85 and 110-
dB for the communications mode and acquisitions modes, respectively. Note that the 25-
dB difference in losses between the communications and acquire signal intercept losses is
due only to the difference in beam divergences for the two modes. The wider acquisition
mode signal is determined by the shuttle downtrack position uncertainties in the acquire



The expression for received optical signal power for the LOWCAL system is

ionscintillatmW
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=  (1-3),

where L = total optical link loss, given by

FADOFTatmmodSIE LLLLLL ++++=  (1-4).

NOISE ANALYSIS

The signal shot Noise Equivalent Power, shotNEP , is given by

sP
hc

λη
=shotNEP  (1-5),

where h = Planck’s constant,
c = speed of light,
η = quantum efficiency of the photodetector,
l = wavelength,

sP  = received signal power.
The solar noise that is transmitted through the receiver and FADOF is given by

TFADOFFADOFreceivertranssky ηλ
∂λ
∂

⋅⋅∆⋅⋅∆Ω⋅= TA
L

P e  (1-6),

where
∂λ
∂ eL  = spectral radiance of the blue sky,

DlFADOF = equivalent noise bandwidth of the FADOF,
TFADOF = signal transmission of the FADOF.

This leads to a Noise Equivalent Power for the sky given by

skyskyNEP P
hc

λη
=  (1-7).

This is added to the receiver noise equivalent power, NEPreceivier and the signal shot noise
NEPshot, to give a total noise equivalent power of

2
shot

2
sky

2
receiver NEPNEPNEPNEP ++=  (1-8).

This assumes that we have an equal probability of receiving a “1” and “0”, the receiver
threshold voltage is to set V1 + V0 = 0, and the extinction ratio is 0. Neglecting intersymbol
interference for our simple differential circular polarization keying (DCPK) modulation
case, the electrical signal to noise ratio, SNR, is given by

BWNEP

4
SNR

2

2
received

⋅
=

P  (1-9),

where BW = electrical bandwidth of the signal.
In the case where the extinction ratio is 0.1 the power penalty will be less than 2-dB.
Likewise a system where the fraction of the pulse energy that is received within one bit
period, γ ≥ 0.9 the power penalty for this will be less than 2-dB. Thus this should not be a



major problem. This leads to a requirement that the electrical SNR = 9.6 for a bit error rate
of 10-6. Thus the received optical power must be

BWNEP5.1 ⋅=sP  (1-10).
For our study we will assume the use of a low noise PMT receiver. This receiver has

Hz

fW
 1NEPPMT = .

In order to properly model the system we must include the solar noise. The solar spectral
radiance3 at 1-micron is
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eL

 (1-11).

The spectral radiance of the blue sky remains roughly constant as long as the detector is
pointing at a region of the sky that is 10 degrees away from the sun. The solar noise
incident upon the photodetector filtered by a FADOF is given by

TFADOFreceiversky ηλ
λ

⋅⋅⋅∆⋅Ω⋅
∂
∂

= TA
L

P e  (1-12),

whereWΩ = solid angle of the receiver,
D∆λ = optical bandpass of the FADOF (0.002-nm at 852-nm),
TFADOF = transmission of the FADOF (80% at 852-nm.)

The total noise equivalent power of the blue sky is given by these two equations:

Hz

fW
 

3

1
NEP commsky =  (1-13)

Hz

fW
 6NEP aquiresky =  (1-14)

for the communications and for the acquisition modes, respectively.

The FADOF reduces the blue sky background an insignificant level for both the daylight
communications mode, where sr 1026.1 9−×=∆Ω , and the daylight acquisition mode, where

sr 102.1 6−×=∆Ω . Thus the FADOF gives us the possibility of 24 hours a day operation.

The required signal power during the communications mode is

BW

fW
 1765.1 ⋅≥sP  (1-15).

The bandwidth is given by
DR2BW ⋅=  (1-16),

where DR = signal data rate.
The bandwidth is twice the data rate because the laser beam must be off during the signal
reception period so that near field aerosol backscattering and backscattering off the
telescope optical train doesn’t swamp the return signal. Thus the source duty cycle is 50%.
At 10-kbps, ~ 82-pW must reach the receiver to ensure the link quality. The higher losses
during the acquisition mode can be overcome by integrating over one second so that the



acquisition can be completed quickly and the margins for acquisition mode is 4-dB higher
than the margin for the communications mode.

DOWNLINK SUMMARY

The results presented in Table I assume a laser transmitter power of 6-dB, a
communications data rate of 10-kbps, and an acquisition mode integration time of 1
second.

TABLE I: Electrical Link Margins
Comm Acquire

Dretro (in.) Day Night Day Night
1 -10 -10 -7 -7
2 13.9 13.9 17 17
3 20 20 23 23

This table shows clearly that a 2-inch diameter retro-modulator on board the satellite will
close the link handily. In order to use a 1-inch diameter retro-modulator a transmitter laser
with about 50 watts would be required. This item is not currently a standard commercial
item but a commercial vendor has produced multiple-watt amplifiers at this wavelength in
the past, making this option a possibility. The retro-modulator employs wide field lenses to
increase its angular acceptance. A wide field-of-view retro-modulator is desirable because
it reduces alignment sensitivity of the system. Phillips Laboratory and Utah State
University (AF/PL/USU)4 used nine retro-modulators to achieve a field-of-view of 40o in
their balloon experiments, increasing the weight of the system significantly. Thus we will
attempt to design a single retro-modulator that offers a field-of-view of greater than 60o full
angle that is light weight.

COMPARISON TO PREVIOUS RETRO-MODULATED WORK

Currently, the only previous retro-modulator work that has been performed is the
AF/PL/USU experiment4. A direct comparison of our work to theirs is shown in Table II.

As you can see from the table, our planned experiments should exceed the previous work
in a number of categories. First, our platform is the Space Shuttle. Thus our link will be a
factor of 10 higher and nearly a factor of 20 further away than the AF/PL/USU experiment.
Second, we expect our data rate to be nearly 10 times greater than theirs. Third, our
receiver diameter is 0.6-m instead of 1.5-m (telescopes in the 1.5-m range cost
considerably more than ours.) The modulator fields-of-view should be identical. The
weight of our modulator should be an order of magnitude lower than their 28-kg. Our
modulator area will be constant and a factor of 2 to 20 times the effective area of their



modulator (their effective modulator area varies with incident angle). We can offer 24-hour
operation because of the use of a FADOF in the receiver. Finally, our transmitter power
should be nearly identical despite the order of magnitude higher data rate and the fact that
our link has to operate over a factor of 20 longer range.

Table II. COMPARISON WITH OTHER EXPERIMENTS
NASA/NMSU AF/PL/USU

PLATFORM Space Shuttle Balloon
ALTITUDE 320-km 32-km

DATA RATE 10-kbps 1.2-kbps
RECEIVER DIAMETER 0.6-m 1.5-m

MODULATOR FOV + π/4 + π/4
MODULATOR WT. 1 to 2-kg 28-kg

MODULATOR AREA 20-cm2 1 to 10-cm2

24 HOUR CAPABILITY Yes No
TRANSMITTER POWER 4-W 5-W

LOWCAL UPLINK

It is desirable to have bi-directional communications for the proposed applications. An
obvious means of doing this is to simply time multiplex the uplink and downlink modes.
However, we did not want to suffer a reduction in downlink communications, so we
developed a novel method for transparent uplinks and downlinks on the same beam.

We have named this the lightwire concept. In this concept, we utilize different modulation
schemes for the uplink and downlink. For the downlink, we utilize the DCPK modulation
described in the previous section of this paper, but for the uplink we use sub-carrier PSK
(SC-PSK) modulation with a small modulation index. The DCPK modulation format
detects the difference between the total number of photons received in the two
polarizations; because the SC-PSK modulation doesn’t change the average transmitted
power the two modulation formats are transparent to one another. Hence, the uplink and
downlink formats are invisible to each other, so we have full-duplex operation with one
laser beam. At the spacecraft the photodetector converts the optical photons into a RF
electrical signal and then at that point conventional PSK signal processing is utilized.
Figure 2 below illustrates the “Lightwire concept” operating in conjunction with the DCPK
format. Note the system operates in two modes: talk and listen. During the talk mode the
transmitted beam is on and the receiver is gated off. Hence, we have full-duplex
communications on one carrier beam and therefore we named this the “Lightwire
concept”.



Figure 2.

SIMPLE UPLINK MODEL

The optical power incident upon the spacecraft, Pr, is
( )( )[ ]ttmAIP ir φω ++= PSKPD cos1  (1-17),

where Pr = received optical power at the spacecraft,
Ii = intensity incident upon the spacecraft,
m = modulation index,
ωPSK = subcarrier frequency,
φ (t) = phase of the subcarrier.

The uplink signal-to-noise ratio is
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where q = electron charge,
B = electronic bandwidth,
RPD = photodetector responsivity,
ID = photodetector’s dark current,
RIN = laser relative intensity noise,
kB = Boltzman’s constant,
T = temperature in degrees Kelvin,
RL = load resistor,
Ft = noise figure of the amplifier.

LIGHTWIRE FORMAT

CARRIER TRANSMISSION

SIGNAL RECEIVER

TTalk =  R/c TListen =  R/c

On
Off

On
Off

DOWNLINK Tb= 50 µs

where c represents the speed of light

PSK subcarrier 4% modulation

T   = R/cTalk

1 0 1 11
Tlisten = R/c



For a 2-inch diameter photoreceiver the received power, Pr = 5-µW at the spacecraft.
Assuming a modulation index, m = 0.04, a photodetector responsivity, RPD = 0.6
amps/watt, a data rate of 10-kHz, a relative intensity noise, RIN = -130-dB/Hz, and a load
resister, RL = 1-MΩ, the signal-to-noise ratio for this SC-PSK uplink is 40-dB.

LASER SAFETY

The worse case laser intensity at the shuttle was calculated and compared to the safe limits
for our wavelength and pulse format. We are operating at 852-nm with a pulse-duration of
~ 2-ms and a repetition rate of 250-Hz. The chair of the ANSI Standard Committee on
Laser Safety verified that 2-mW/cm2 is the maximum safe exposure limit. This is to be
compared to the worse case calculated intensity at the shuttle is 3-µW/cm2, when the
shuttle is at Zenith and the transmitted laser power is at a maximum. In practice the laser
power at Zenith should be reduced by a factor of 10 when the shuttle is at Zenith. In
summary, the laser intensity at the shuttle is nearly a factor of 1000 below the maximum
ANSI safe exposure limit; hence we will be completely safe.

CONCLUSION

This simple analysis shows that a passive optical communications system that we call
LOWCAL can provide a telemetering link to LEO for Zenith angles of ± π/3. We should
be able to achieve a data rate of 10-kbps over this entire range using a transmitter laser
power of about 5 watts. If we elect to only cover Zenith angles of ± π/6 then a ½-watt
transmitter gives roughly the same performance. The experiment considered using the
Advanced Pointing Telescope Facility at WSMR. The use of a FADOF will allow daylight
specifications to be within 1-dB. Furthermore, we have presented for the first time the
circular polarization keying format for free-space optical communications and the lightwire
concept that allows full-duplex communications using a single optical beam. Finally, there
is absolutely no eye safety hazard for the shuttle astronauts due to the transmitter laser.
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ABSTRACT

This paper investigates the feasibility of using commercial satellite constellations to relay
telemetry data from flight test vehicles as part of a Global Test Range. The use of a
commercial satellite constellation would provide an augmented capability to the test
range, providing near real-time data to the data reduction site and test range control at
reasonable cost. This includes an analysis of current and proposed commercial
communication satellite constellations to determine if any of them would fulfill the needs
of a telemetry test range. Preliminary assessment of the communication link between a
flight vehicle and the satellite constellations is performed.
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PURPOSE

The purpose of this investigation is to determine the feasibility of using commercial
satellite constellations to relay telemetry data from flight test vehicles. Currently, ground
stations are used to collect the telemetry data from the flight test vehicles. Also, there is a
delay transferring the data to a data reduction site. The use of a commercial satellite
constellation would provide an augmented capability to the test range, giving near real-
time data to the reduction site and test range control.



Satellite constellation

                Test vehicle

Kwajalein Atoll  Vandenburg AFB

Reduction site

Figure 1: satellite augmentation for the test range

This investigation made an analysis of current and proposed commercial communication
satellite constellations to determine if any of them would fulfill the needs of a telemetry
test range. The Satellite Tool Kit (STK) program was used to simulate scenarios using
different satellite constellations as telemetry relay during flight vehicle tests. This
program analyzes the communication link between a flight vehicle and the satellite
constellations. This provides the data necessary to determine if communication satellites
can serve as telemetry relay stations for a global test range.

SCENARIO ASSUMPTIONS

There are several assumptions and simplifications made in order to simulate test
scenarios. The flight time of the test vehicle is assumed to be 30 minutes. The test
vehicles flight is modeled as a ballistic shot, from Lompoc (Vandenburg AFB) to
Kwajalein Atoll. For the initial investigation, the quality of the communications link
between the test vehicle and the satellite constellation is not completely analyzed. The
emphasis of the report was on orbital mechanics and flight vehicle trajectory and how
they would impact design and implementation of a communication link. A target bit rate
of 1Mbps was desired, but a lower bit rate may still be useful for status information of the
vehicle to be sent.

SATELLITE CANDIDATES

There are several commercial communication satellite constellations in use or in the
planning stages. Currently, the most likely candidates are Iridium, Teledesic, and ICO
due to the small size of the transmitter. Iridium and Teledesic are low earth orbit satellite
systems and ICO is a medium earth orbit satellite system. All systems provide coverage
of the majority of the Earth’s surface. High earth orbit satellites (e.g. geosynchronous)
were not considered due to the high transmitter power needed to overcome the path loss.



The Iridium system, which became available in 1998, was designed by Motorola and is
owned by Iridium LLC, an international consortium. Iridium is a low earth orbit satellite
constellation at 780 kilometers, consisting of 66 satellites in six orbital planes. The L-
band is used for telephone and messaging communications to the satellites. Data
transmission rates will be 2.4Kbps per channel. To meet the needs of the telemetry range,
417 channels would be needed to get 1Mbps data transfer.

Teledesic operates at an altitude of 1400 kilometers and has 288 satellites in 12 orbital
planes. A user can get up to 2Mbps on the up-link, but the transmitter may require a large
antenna (approximately 10 inches). This system operates in the 28GHz to 29Ghz band.
Teledesic was founded in 1990 and its primary investors are McCaw, Microsoft
Chairman Bill Gates, Motorola, Saudi Prince Alwaleed Bin Talal and Boeing, with
Motorola being the primary satellite designer. Teledesic is scheduled for operation in
2002.

ICO Global Communications (ICO) was established in 1995 to provide satellite
communication services and has over 60 investors. ICO is a medium earth orbit satellite
constellation at 10390 kilometers. ICO consists of 10 satellites in two orbital planes. The
satellites themselves are designed and built by Hughes. Service links will operate in the
2GHz band. ICO will be capable of 2.4Kps data transmission rates and becomes
operational in the year 2000. To meet the needs of the telemetry range, 417 channels
would be needed to get 1Mbps data transfer.

Constellation Operational date Data rate/channel Orbit altitude Spectrum
Iridium Present 2.4Kbps 780km 1.5 - 2.7GHz
Teledesic 2002 2Mbps 1400km 28 - 29GHz
ICO 2000 2.4Kbps 10390km 2GHz

Table 1, constellation information

A complete analysis of the vehicle/satellite communication link involves many
parameters and trade-off issues. However, regardless of actual implementation, the
various designs are all constrained by the orbital dynamics and flight trajectories. Since
these mechanics will be a primary driver for the communication design, out first goal is
to characterize these. Due to the complexity of the large satellite constellations and flight
paths, a powerful simulation tool STK was used.

SIMULATION

STK is used to simulate test scenarios using the different satellite constellations to
determine the feasibility of each constellation for use in a telemetry range. Each scenario
used flight vehicles that launch from Vandenburg AFB to Kwajalein Atoll. Each flight
vehicle has a fixed flight time of 30 minutes and a ballistic trajectory, which reaches a



maximum altitude of 1664 kilometers. STK allows the modeling of each satellite’s
footprint. As such, the program is able to determine when the vehicle is in any satellite’s
‘field of view’. A communication link is considered valid if any satellite in the
constellation has a view of the flight vehicle. Since the relative position of the vehicle and
satellites is dependent on time of launch, the communication links are also affected.
Multiple launches are simulated at staggered times to gain a perspective on the
probabilistic aspects of the communication link. If this communication link is broken
between the flight vehicle and the satellite constellation, then the constellation is not
deemed to be a viable option for telemetry purposes for the entire flight.

IRIDIUM

The scenario with the Iridium system consisted of the six launch vehicles launched at
different intervals, and the Iridium constellation. The access between the missiles and the
satellites are shown in Table 2.

Access start time stop time duration (s)
Missile 1 00:00.0 01:11.9 71.858
Missile 1 28:42.2 30:00.0 77.835
Missile 2 00:00.0 00:34.1 34.121
Missile 3 00:00.0 01:59.4 119.436
Missile 3 29:34.6 30:00.0 25.371
Missile 4 00:00.0 00:45.6 45.57
Missile 5 15:00.0 15:34.1 34.068
Missile 5 44:46.4 45:00.0 13.55
Missile 6 30:00.0 30:03.7 3.69

Table 2: Iridium access

For instance, this table shows that the first missile was able to communicate with Iridium
for only the first 72 seconds of its flight and the last 78 seconds of its flight. The average
duration of communication with the Iridium constellation is only 75 seconds. This means
that the flight vehicle is only able to send its telemetry data for 4% of its flight. This is
attributed to the flight vehicle reaching a higher altitude than the Iridium’s orbital height.
Thus, leaving the ‘cone’ that the satellite can see, as shown in Figure 2. The figure shows
the trajectory of the flight vehicle in red and the ‘cone’ in green that the satellites can see.
Unfortunately, Teledesic, which also operates in low earth orbit, also has this problem. Its
test data is not shown since the results are similar to Iridium’s results.



Figure 2, Iridium scenario

ICO

Since ICO has a higher orbital altitude, it was not expected to suffer such short
communication link times as a low earth orbit constellation. The scenario with the ICO
system consisted of the six launch vehicles launched at different intervals and the ICO
constellation. The access between the missiles and the satellites are shown in Table 3,
which show significantly improved access time compared to Iridium.

Access start time stop time duration (s)
Missile 1 00:00.0 30:00.0 1800
Missile 2 00:00.0 09:23.9 563.895
Missile 2 11:37.8 30:00.0 1102.226
Missile 3 00:00.0 30:00.0 1800
Missile 4 00:00.0 30:00.0 1800
Missile 5 15:00.0 45:00.0 1800
Missile 6 30:00.0 00:00.0 1800

Table 3: ICO access

Table 2 shows that missile 1 is able to maintain a communication channel with the ICO
satellite constellation for the duration of its flight. Missile 2 has a 134 second black out
period (7% of its total flight) where it is unable to communicate with a satellite. The
flight vehicles will be able to complete their flight 83% of the time with no black out
periods. This suggests that launches may have to coincide with a satellite passing over the
flight vehicle at the peak of its trajectory. Currently, ICO is helping to determine the
feasibility of using their satellite system for this particular application.

ICO gives the highest percentage of access time and would serve as the best candidate for
the implementation of a global test range. With ICO being the most likely candidate for



use in the telemetry range, we have focused our simulation and information efforts on the
scenario using the ICO system. This leads to looking for actual implantation issues for
this system. Satellite hand-off when the flight vehicle leaves one satellite’s ‘cone’ and
enters the next satellite’s ‘cone’ is handled by the ICO system. Also, ICO has been
contacted to ensure that the system can correctly hand-off given the velocity of the flight
vehicles, and to find out what Doppler offset the ICO system can handle. The simulation
uses a 2GHz communication signal and gives a Doppler offset of +/- 0.025%. The
frequency offset changes during the course of the test vehicle’s flight and can be viewed
in Figure 3. The maximum doppler rate of change is 80Hz/s.

Figure 3

COMBINATION SYSTEM

Another possibility for use as part of the augmentation of the test range is to use a low
earth satellite constellation for launch and impact data (during the initial and terminal
flight stages) and use the current ground based receiver on Hawaii for the middle of the
test vehicle’s flight. A scenario using Iridium was simulated to determine the feasibility
of this option. The access between the missiles, the ground station on Hawaii, and the
satellites are shown in table 4.

The average black out period for this scenario was 346 seconds. This means that the
flight vehicle is able to transmit its data 81% of its flight. This may or may not be a viable
option given that 19% of each test vehicle’s flight is unmonitored, unless the vehicle has
the ability to ‘buffer up’ the data during blackouts.

Frequency Offset

1999900000

1999920000

1999940000

1999960000

1999980000

2000000000

2000020000

2000040000

2000060000

0 2 4 6 8 10 12 14 16 18 20 22 24

time (min.)

fr
eq

u
en

cy
 (

H
z)

Received frequency



Access start time stop time duration (s)
Missile 1 00:00.0 01:11.9 71.858
Missile 1 03:27.6 26:30.9 1383.3
Missile 1 28:42.2 30:00.0 77.835
Missile 2 00:00.0 00:34.1 34.121
Missile 2 03:27.6 26:30.9 1383.3
Missile 3 00:00.0 01:59.4 119.436
Missile 3 03:27.6 26:30.9 1383.3
Missile 3 29:34.6 30:00.0 25.371
Missile 4 00:00.0 00:45.6 45.57
Missile 4 03:27.6 26:30.9 1383.3
Missile 5 15:00.0 15:34.1 34.068
Missile 5 18:27.6 41:30.9 1383.3
Missile 5 44:46.4 45:00.0 13.55
Missile 6 30:00.0 30:03.7 3.69
Missile 6 33:27.6 56:30.9 1383.3

Table 4, combination access

TECHNICAL ISSUES

There are several issues that must be addressed before a satellite constellation can be used
to augment a global test range. There is a concern with the large number of parallel
channels needed to achieve a 1Mbps rate for the ICO system. This could be both a
technical issue as well as contractual. The satellite constellations are designed for the
satellites to hand off to each other when the user leaves one satellite’s footprint and enters
the next satellite’s footprint. These hand offs are designed for relatively slow moving
transmitters and may not be capable of handing off due to the speed of the flight vehicle.
If a communication link between the flight vehicle and satellite were broken, then a quick
re-connection would have to be guaranteed once the flight vehicle is in view of a satellite
again.

To solve most of these issues, a more detailed simulation and analysis would have to be
made. The satellite system engineers themselves should be able to answer the questions
about what doppler shift their systems are capable of handling and if their systems can
hand off given the speed of the flight vehicle. To do a more detailed simulation, accurate
satellite system parameters are needed to perform a better STK analysis is needed. ICO
has supplied information that will help to determine if their system will meet the
necessary requirements. An airborne unit being developed by Honeywell for ICO should
account for the doppler induced by the flight vehicle’s speed. The ICO system is
expected to have an EIRP of 55.4 - 58.1dBW. Other useful information can be seen in
Table 5.



Existing signal format Data
Net bit rate 2.4 Kbps
BER 10-5

Eb/No 4.5dB
Implementation margin 0.5dB
C/No 50.6dBHz

Table 5, ICO information

There are some options or combination of options that could be used to implement the
use of satellites in a global test range. In the absence of obtaining the large number of
parallel channels needed for 1Mbps, a few channels could be used to monitor low bit rate,
essential status data on the flight vehicle. Since the trajectory of the flight vehicle is over
the sparsely populated Pacific Ocean, the competition for the required number of the
satellite’s channels is greatly reduced. The use of coding techniques could be used to
improve the communication links, but this hasn’t been included in the present work. Data
compression techniques could be used, resulting in a lower required channel bit rate.
Channel coding can be used to reduce the bit error rate of the transmitted signal. Hence,
reducing the required transmit power. Note that such an implementation may represent a
fundamental change in how telemetry is approached. Instead of dedicated ground
stations, commercial communication networks are used on demand to meet the testing
needs. Also, as this implementation of the global test range is more of a
telecommunication environment rather than a classic ‘dedicated link’ telemetry system, a
variety a trade-offs should be assessed.

CONCLUSION

The use of a commercial satellite constellation to augment the current ground station
capabilities would provide an inexpensive improvement to the global test range. The
satellite constellation would be operated and maintained by the commercial
communication company. For this investigation, there are two major factors that
determine if a commercial satellite system would be capable of serving in a global
telemetry range. The major consideration is the ability of the test flight vehicle to
maintain a communication link with the satellite constellation. A high earth orbit satellite
system would meet these criteria, but would require considerable transmitter power and a
large antenna on the flight vehicle. Therefore, a medium earth orbit satellite system
would be a better choice. The second criteria is for there to be a 1Mbps data transfer rate.
Teledesic has a high data transfer rate of 2Mbps but also has considerable black out
periods with the test vehicle, since it is a low earth orbit satellite. The ICO system has a
low percentage of black out times, but has a relatively low data transfer rate of 2.4Kbps.
Using multiple channels, the ICO system would provide a good alternative to the
expensive ground stations. Currently, the use of commercial satellite constellations in a
global test range appears feasible, but there may be some implementation details that
must be worked out (doppler offset, specific hardware parameters, etc.).
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ABSTRACT

The SKYBRIDGE constellation will establish telecommunication and TTC links in Ku-
band, without any exclusive allocation of spectrum: jamming avoidance techniques are
used in order to protect the geostationary satellites and associated ground stations that
work in the same band. This paper presents the studies that have been carried out at
system level.
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INTRODUCTION

The SKYBRIDGE system consists in a low Earth orbit satellite system, that provides a
wide range of data, voice and video broadband services in the Commission’s Fixed-
Satellite Service (« FSS »).
The Skybridge system will employ a constellation of 80 satellites at an altitude around
1469 km.
The corresponding ground segment will consist of:

• « User Terminal » earth stations, providing user access to the Skybridge system
• « Gateway » earth stations, providing interconnection, through broadband switches,

with local servers and terrestrial broadband and narrow band networks.

The Skybridge satellites, via multiple « bent pipe » transponders and spot-beam antennas,
will provide « Service Links » between each Skybridge user and a designated gateway.

The Telecommunication links, together with the TTC links, will be established in Ku-band.
However, the System does not need any exclusive allocation of spectrum. The Skybridge
System employs a novel system architecture, designed to ensure that it will not interfere
with any other service, including the geostationary orbit satellite systems and terrestrial



systems, operating in the Ku-band. Before describing this system architecture, it is
necessary to give an overview on regulatory aspects.

REGULATORY ASPECTS

WRC-97 has introduced regulatory mechanisms to ensure the coexistence of geostationary
(GSO) and non-geostationary (NGSO) satellites in the 10-18 GHz band. As a
consequence, NGSO are subject to provisional limits, which are currently reviewed by
ITU-R study groups. In the light of these studies, the final limits will be adopted  by WRC-
99. NGSO satellites in the 10-18 GHz band have to meet these limits in order to be
compliant with Radio Regulations.

These limits are defined considering aggregate power flux density and equivalent power
flux density criteria. The Aggregate Power Flux Density (APFD) is defined as the
summation of the power flux densities produced at a point in the geostationary satellite
orbit by all the earth stations of a NGSO satellite system.

The Equivalent Power Flux Density (EPFD) is defined as the sum of the power flux
densities produced at a point of the Earth’s surface by all space stations within a NGSO
satellite system, taking into account the off-axis discrimination of a reference receiving
antenna assumed to be pointing towards the GSO orbit.

Examples of flux limits are given hereafter:

• the APFD due to NGSO earth stations has to be always (i.e. 100 % of the time)
lower than -186 dBW/m²/4 kHz in the 12.75 GHz-13.25 GHz and lower than -170
dBW/m²/4 kHz in the 13.75 GHz-14.5 GHz

• the EPFD has to meet the following limits for the 10.7-11.7 GHz band:

Antenna type EPFD (100% of time)
(dBW/m²/4 kHz)

EPFD (time criteria)
(dBW/m²/4 kHz)

% of time

0.60 m -170 -179 99.7
3 m -170 -192

-186
-173

99.9
99.97
99.999

10 m -170 -195
-178

99.97
99.999

The compliance to the limits in the column « EPFD (time criteria) » has to be guaranteed
over the given percentage of time.



SKYBRIDGE SYSTEM DESCRIPTION

Overall description

A system architecture overview is presented in Figure 1. The Skybridge system covers all
the terrestrial zones located between 65°S and 65°N. A User Terminal (UT) communicates
via satellite with a gateway (GW), which connects it to the terrestrial broadband
infrastructure. Each gateway routes the traffic of all the subscribers located within a 350
km radius in its service area. The primary function of the satellites is to provide a radio
repeater service between user terminals and gateways. Multiple spot-beam coverage is
used to achieve high antenna gain and maximum frequency reuse. Each satellite creates
steerable spot beams, which can illuminate Earth-fixed zones i.e. gateway service areas.
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Figure 1 - Skybridge system architecture

Frequency reuse principle

The frequency reuse between the Skybridge system and GSO systems is the result of
spatial separation, suppression of transmissions, reduction of residual interferences and
satellite diversity.

User terminals of both systems use directive antennas. A GSO terminal, pointing towards a
GSO satellite, could be interfered by a Skybridge satellite if the Skybridge satellite is also
viewed from this terminal in a direction close to that of the GSO satellite. To avoid
creating this interference on GSO systems and to conform to the above-mentioned pfd



rules, an exclusion zone of the Skybridge system is defined around the GSO arc (i.e. all the
transmissions from the gateways, the satellites and the terminals are stopped). The whole
GSO arc (GSO satellites and GSO ground stations) is taken into account. The size of the
non-operating zone is ±10° around this GSO arc viewed with an elevation angle greater
than 5°.

In order to avoid any service interruption due to this exclusion zone, a satellite diversity
technique is applied, which is now described. Before the signal coming from the Skybridge
satellite creates on the reception of a geostationary terminal an interference above the
levels given previously, the beam coming from this satellite and illuminating the zone
under consideration  is switched off so that there is no transmission from the satellite in
that direction and this part of the traffic is handed over to another satellite of the
constellation. The system is thus designed to provide, whenever the transmissions from a
satellite have to be interrupted in the direction of a terrestrial area, another satellite, not
interfering in visibility of this region.

SKYBRIDGE TTC LINK

General

The principle which has been adopted for the Skybridge telecommunications cannot be
directly extrapolated to the TTC link, mainly because:

• onboard wide coverages are needed during Launch and Early Orbit Phases and in
case of emergency.

• an onboard global coverage of ±54°, rather than a steerable spot beam, has been
preferred when on station, mainly for reliability, mass and cost reasons.

As a consequence, it is not possible to apply to the Telemetry link the satellite diversity
technique described above. Another  possible solution could have been to switch off the
telemetry transmission as soon as a Skybridge satellite is in the line of sight of GSO
ground stations: as GSO ground stations latitudes range from 76°S up to 76°N, the time
left available for the observability would have been far too short.

In compensation, the principle which has been adopted for the Skybridge
telecommunications can be directly extrapolated to the Telecommand link: the TTC ground
station will have to take into account a non-operating zone of ±10° with respect to GSO
arc.



The following frequency plan is the current baseline:

• telecommand: around 12890 MHz
• telemetry: 10950-10980 MHz. This bandwidth has to allow the simultaneous

telemetry reception from satellites that are launched at the same time (up to 10 with
Ariane5).

Telemetry flux computation

On station

Simulations have been carried out, considering that all the satellites transmit the telemetry
signal permanently. It has been shown that the EPFD limits which are associated to time
criteria are the most stringent requirement.

The conclusion of these simulations is that the telemetry pfd on ground corresponding to
one satellite shall not exceed -177 dBW/m²/4 kHz: this applies to the whole operating
constellation.

LEOP (Launch and Early Orbit Phases) & Emergency

As the corresponding duration of these phases is relatively short, cumulative effects over
time is not preponderant. Only EPFD limits corresponding to 100% of time have to be
taken into account. The conclusion of the simulations is that the maximum pfd generated
by a group of satellites in injection orbit, or in case of emergency shall be lower than -171
dBW/m²/4 kHz.

Telecommand flux

For the selected frequency band, the flux at GSO arc has to be lower than -186 dBW/m²/4
kHz (100% of time).

Satellite-ground interface definition

Main TTC link characteristics

The following paragraphs give the characteristics of the telecommand and telemetry links
during the different phases, i.e. LEOP & emergency on one hand and on station on the
other hand.



The bit rate for telecommand is 10 kb/s whatever the mission phases. This corresponds to
the bit rate need when on station: in fact, the bit rate need during the other phases is lower,
but a fixed bit rate for all the phases simplify the on board receiver design.

The bit rate for telemetry is:

• 15.7 kb/s (on station)
• 1 kb/s (LEOP & emergency)

No requirement for ranging applies as the satellite will be equipped with a navigator that
will perform the positioning of the satellite during all phases, except at the very beginning
of the injection phase.

In order to reach the required pfd, spread spectrum techniques have been used. As there is
no requirement for a ranging function, a simple Direct Sequence/BPSK modulation has
been retained. The PN code family is of maximal length type. The PN code is synchronous
with bit rate: a PN code occupies exactly the duration of one bit. The following table
summarizes for each mode the code length, the corresponding chip rate and the type of
coding:

Code Length
in Chips

Chip Rate
in MChip/s

Coding

TC 255 2.5 None
TM
• on station
• other phases

511
127

1
4

Conv(7,1/2)
Conv(7,1/2)

The on board coverage is:

• ±65° over +Z and -Z axis during LEOP and emergency.
• ±54° when on station.

The acquisition and tracking of the satellites has to be achieved on the telemetry spread
spectrum signal. It is to be noted that this approach is new as most of satellites up to now
make use of telemetry modulation with residual carrier, and acquisition and tracking of the
satellites by the ground station is achieved using this residual carrier.

Up to ten satellites can be launched at the same time (with Ariane 5). The satellites first
acquisition consists of a « waiting point strategy » followed by a searching phase that
mixes elevation and azimuth sweep around the nominal trajectory if the waiting point
acquisition is not successful.



Main equipment requirements

The main characteristics of the on board receiver are:

• threshold: 53 dB.Hz
• physical Doppler: 12 kHz
• acquisition time < 1 s at threshold
• BER: 10-6

The main characteristics of the on board transmitter are:

• frequency stability: 1 ppm under all conditions
• residual carrier: -30 dBc
• power stability: ±0.5 dB
• two output powers (8 mW and 40 mW) selectable by external telecommand
• the transmitter frequency has to be selected externally among 10 values.

The main characteristics of the ground telemetry and tracking receiver are (worst case
conditions, i.e. at first acquisition):

• threshold: 37 dB.Hz
• Doppler: 51 kHz
• acquisition time: 1s

Nota: the acquisition time requirement is mainly driven by the first acquisition strategy.

The ground station main characteristics are:

• EIRP: 56 dBW
• G/T: 29.6 dB/°K, including rain degradation.
• pattern: 29-25*LOG(θ) where θ represents the off-axis angle.

The pattern requirement allows to comply to pfd rules at GSO arc.

CONCLUSION

At the end of studies at system level and further to the equipment feasibility assessment,
the conclusions are the following:

• the TTC SKYBRIDGE link is feasible for the different phases of the mission (i.e.
first acquisition, on station and in case of emergency)

• this TTC link can make use of Ku-band, without any exclusive allocation of
spectrum
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ABSTRACT

As Mobile Satellite Communication Systems (MSCS), such as INMARSAT, Iridium,
Globalstar, ICO, et al, are emerging, the feasibility analysis of MSCS using for spacecraft
TT&C data transmission have been studied by many space agencies and scientists. In this
paper, the usability of MSCS’s low data transmission for modern spacecraft is analyzed.
The availability of existing and near future MSCS are reviewed briefly in terms of orbital
coverage, data transmission rate, EIRP, adaptability and so on. The special problems to be
resolved are discussed such as compensation for high Doppler frequency shift, provision of
user spacecraft EIRP, antenna beams steering of user spacecraft, use of advanced
modulation scheme.
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1.  INTRODUCTION

The Iridium system has started operation in November last year and is providing a new
4.8Kb - 2.4Kb/s communication capability for ground global mobile users. Many of such
system as globalstar, ICO, are operating near future. In fact, the INMARSAT has been
operated for many years. This has stimulated the thinking of using this kind of MSCS for
spacecraft low rate data transmission. This concept has germinated long ago. Space
community of many countries have been studying the feasibility of using more realistic
MSCS for transmitting user spacecraft low rate TT&C data.[1]

Analyzing from the basic system operational principle, the main goal of current MSCS
systems is to provide narrow-band communication (voice, telex, low rate data, etc.) for
low velocity mobile user on the surface of the earth. Now these systems can not meet
spectrum of TT&C and communication requirements for multi-type spacecraft. However,
if this capability is used, it could still bring about significant benefit for spacecraft
operation and cost reducing.



2.  USABILITY OF MSCS FOR MODEN SPACECRAFT

2.1 Utilization of low-rate data transmission capability
With the development of space technology and spacecraft, reliability of space-borne
subsystems has been greatly improved and the level of autonomy is significantly enhanced
today. Quite a number of routine operations and control can be performed on board the
spacecraft and the spacecraft will enter safety mode and call ground controller for help
only when scarce anomaly occurred. People have already proposed new concepts such as
“lights-out” operation, beacon tracking, and virtual control center.[3,4] Combined with these
concepts, the low rate data transmission capability provided by MSCS can connect to
ground users and controllers at any time.

Currently many control functions of spacecraft can be carried out on-board. Command
sequence for complicated operations can either be generated on-board or stored in solid
state storage on-board before launch. Therefore, the data uplinked from the ground is
reduced further.

To provide the ground analyzers with necessary telemetry data, storage on-board can store
a significant amount of telemetry data covering a significant period of time. Actually only
changing and abnormal telemetry should be stored to provide needed information for
anomaly detection, isolation and resolution. After further development of spacecraft
autonomy and with the new intelligent data compression and signature extraction in the
future, downlinked data will greatly decrease also.

After GNSS positioning and orbit determination (first step is GPS + Glonass) is adopted
by spacecraft, ground TT&C stations will not be required to transmit complicated ranging
and range rate signals, and to arrange periodic orbit measurement and orbit computation
and prediction. In the future, the main function of the space-ground link will be tow way
data transmission between ground and user spacecraft. The spacecraft can also arrange its
own activities according to GNSS data, which is downlinked at very low data rate.

2.2 Reduction of TT&C cost
Compared to current TT&C means, cost-effectiveness of using commercial MSCS to
transmit spacecraft data is the highest. For example, in addition to annual operation and
maintenance, the initial cost to build a TT&C earth station is US$10 million while its
orbital coverage for medium and low earth orbit spacecraft is only several percent. Based
upon 1996 quotation, the Single Access Service charge of TDRSS is US$186 per minute
(Constrained); Multiple Access Service charge is US$42 per minute; While it is only US$3
to 6 per minute for MSCS.



The low cost of MSCS is the result of the large number of users and stiff competition in
the market. Because it is constantly used by a large number of users, its system availability
is relatively high. However, the data rate of this service can achieve is still very low.

2.3 Increase of orbital coverage for user spacecraft
A greater number of MSCS in the future will be global systems and the spacecraft, as one
of its mobile user in space, can establish a communication link with ground controller at
any position in orbit. This is a very high orbital coverage that traditional ground network
cannot possibly achieve. Making use of this feature, a high degree of communication real-
timeliness can be achieved. As soon as the spacecraft find opportunity object, it will send
alarms. More space-ground interactive control can also be done. Due to this extended
communication time, it is also possible to transmit slowly at a low rate high resolution
image information observed over a certain region.

2.4 Boosting the pace of TT&C service commercialization[2]

Many people think that the commercialization of TT&C services will significantly lower
the TT&C and operations cost of space missions. However, the magnitude of reduction
and the process of TT&C service commercialization depend greatly on market
requirements and competition. Current MSCS systems or MSCS system under
construction have not taken into consideration the peculiar requirements of spacecraft
TT&C and this has brought a lot of inconvenience for TT&C community. A market could
evolve once many countries and many space missions exploit this service. The users and
operators will discuss together to find a more suitable and even cheaper spacecraft data
transmission service.

3.  ANALYSIS OF MSCS APPLICABILITY

Although there will be various global and regional MSCS, their system design has not
taken spacecraft data transmission requirements into consideration. In selecting a more
suitable system based on user spacecraft requirements, the following aspects must be
considered:

1) Orbital coverage for user spacecraft and continuity of communication
A few of the MSCS systems covers only a certain country or a certain region (e.g., north
America or Asia-Pacific region). The coverage of such systems for user spacecraft is not
much larger than ground-based systems. The majority of MSCS systems consist of small
satellite constellations in multiple orbit planes. Such systems provide good communication
performance for slow velocity ground users but not in-orbit spacecraft. For example, when
the orbits height of the user spacecraft and the communication satellite is near, the user
spacecraft will pass the upper part of cone-shaped earth-pointing beam of the satellite and
thus the coverage time is very short (see Figure 1).



Most of the MSCS systems use cluster of spot beams to cover ground users to reduce the
EIRP the user equipment has to emit. Because of the relative velocity between user
satellite and communication satellite, the stable communication time is extremely short. To
maintain as long as possible the communication time of the ground controller with the user
satellite, frequent hand-over between spot beams and small satellites must be performed
which result in complicated system operations. Therefore, these MSCS system which work
with cluster of spot beams cannot be used for spacecraft communication when inter-beam
users are unable to carry out transparent fast hand-over.

Concluding from this point, the MSCS systems using medium and high altitude satellites
with fewer beams are more beneficial.

2) Data transmission rate MSCS can achieve
Modem MSCS systems are all digital communication systems. This is favorable for
spacecraft data transmission. However, most systems make advantage of state-of-the-art
technical development and transmit at 2.4kbps~4.8kbps voice with certain legibility or low
rate data, thus bandwidth assigned to each channel is extremely narrow. For user
spacecraft, the higher the data transmission rate, the better. Moreover, a certain amount of
bandwidth margin provides room for spread spectrum communication, secure
communication and enhance communication quality.

3) EIRP and G/T of MSCS satellites
Link budget shows that the key segment is communication satellite--user spacecraft part of
the return link, because the ground station can use powerful amplifiers and large aperture
antennas, the user spacecraft, especially small satellites, has many restraints for example in
carrying large parabolic antennas with complex beam pointing control. Therefore, selection
of communication satellite with larger EIRP and G/T can improve data transmission
capacity and reduce the pressure on spacecraft EIRP.

4) Adaptability to high velocity users
MSCS has the ability to adapt to ground or even air mobile users but it does not have the
ability to the high velocity spacecraft. Spacecraft users require rapid establishment of
communication link and retain it for a considerable length of time for continuous
communication.

5) Others
Besides the above factors, the survivability of MSCS itself, technical basis for user
spacecraft equipment development, transponder linearisation of communication satellite,
polarization of on-board antennas (favorably circular), system operational efficiency,
communication tolls, etc., must also be considered.



4.  PRELIMINARY CONCEPT

4.1 Use of INMARSAT system
After study of operational MSCS systems and MSCS systems under development (e.g.,
Iridium, Globalstar, ICO, INMARSAT, Orbcom), INMARSAT system and its global
beam transponders are recommended as the first step for the following reasons:

a)  INMARSAT is already a mature system and the EIRP and G/T of the third generation
INMARSAT satellites are relatively higher. Currently, there are already over 26,000
operational INMARSAT-A terminals, 28,000 INMARSAT-C terminals, 11,800
INMARSAT-M terminals, 28,000 INMARSAT-B terminals and over 1,500 INMARSAT
Aero terminals.

b)  The four geostationary INMARSAT III satellites cover 100% of medium and low earth
orbit spacecraft orbit with considerable overlaps. With their global beams, hand-overs
between satellites in each pass of the user spacecraft are fewer and thus result in simplified
operation and favorable communication continuity.

c)  High data transmission rate. The data rate of INMARSAT-B terminals is up to
56-64kbps. This is favorable for spacecraft communication. The system also provides
varied types of services for different user spacecraft to choose from.

d)  With help of the Network Coordination Center (NCS), the system allows two users,
one in space and other on ground, to communicate directly within one global beam.

 e)  The system adapts well to mobile users. Aeronautical terminal has been in operation.
Hand-held terminals are under development. This provides good environment for
development of spacecraft-borne terminals.

f)  Service toll is decreasing.
Other geostationary communication satellites with global beams, for example, Intelsat can
also be used. However, their capability to adapt to high mobility users is not as good.

4.2 Measures to be taken
It can be concluded that there are still some technical difficulties to overcome for
spacecraft to use commercial off-the-shelf terminal, for example, Doppler shift
compensation, restraints on the size, weight and power consumption of communication
equipment, and the adaptability of the communication equipment to the space environment.
The data transmission rate of 2.4kbps is still too low. Data terminals with higher data rate
(e.g., 56-64kbps) suitable for spacecraft applications should be developed to exploit the
potential of the INMARSAT system.



The relative velocity of user spacecraft to geostationary communication satellite is lower
than that of the medium and low earth orbit spacecraft. But the maximum Doppler shift
range could still exceed the channel bandwidth and it must be compensated. One way to
do this is to acquire the narrow band beacon signal of INMARSAT satellites. Then,
correcting the transmit and receive frequencies of the spacecraft are made, taking the
acquired frequency as reference after it is scaled. Another way is to calculate the Doppler
shift of user spacecraft operating frequency based on spacecraft GNSS data and then
adjust the transmit and receive frequencies of the user spacecraft. Because the channel
spacing of the INMARSAT system is relatively wide and the GNSS data is accuracy, the
compensation is relatively easy.

The user spacecraft has to transmit a certain level of EIRP to send data at a certain data
rate. Currently there are a number of 30-40W L-band solid state amplifiers in the market.
Equipped with an antenna with a certain gain, this requirement can be met. Suitable
antennas for spacecraft are patch or slot array, quadrifilar helix, small parabolic antennas
and phased array antennas, etc. However, with increase of gain, beamwidth is decreasing,
and it becomes more difficult to acquire and track INMARSAT satellites. Considering
current situations, selection of 20dB gain will result in appropriate beamwidth and can
enable step control of antenna beams in program mode.

To save user spacecraft EIRP further, more efficient modulation and demodulation and
encoding techniques (e.g., MSK, QAM/QPSK, R-S coding, turbo coding) are
recommended. For example, the concatenated coding (convolution +R-S) has a net gain of
7dB.

5.  CONCLUSION

The INMARSAT system could be used to low rate data transmission for low earth orbit
spacecraft. However, this can not completely replace the functions of ground TT&C
systems. Because most MSCS systems use cluster of spot beams to cover ground users,
they cannot provide transparent communication links with optimum continuity. Therefore,
only the global beams of geostationary communication satellites can be used. This limits
the increase of data transmission rate. Future space-based high rate data communication
system may bring about some improvement. It is also hoped that future high rate satellite
communication system operators consider the requirements of space TT&C community.
For example, the GEO-LEO high data rate satellite communications system proposed by
Mr. Tadayosni Katoh and others[5] should regards medium and low earth orbit user
spacecraft as its system members. The return link data rate for user spacecraft will be
increased to 100Mbps. This will enable transmission of high data rate remote sensing data
for more spacecraft. Data rate of 0.1 to several Mbps will satisfy the TT&C requirements
of most medium and low earth orbit user spacecraft.



Figure 1  The coverage of MSCS for low orbit user satellite
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ABSTRACT

 Increasingly, military managers are requiring better and more efficient use of Special Use
Airspace (SUA) and Military Operating Areas (MOA). To date, there has been no
automated method for determining airspace utilization within the R-2508 Complex. This
paper describes the development of a computer based airspace management tool called
Airspace Utilization Reporting System (AURS). AURS receives aircraft beacon radar data
from an air traffic control automation system used within the R-2508 Complex. The system
processes this data in a customized Oracle database format and responds to query
requests, making any information about aircraft activities and airspace utilization available
to the user. AURS operates continuously 24 hours per day, seven days per week. The
system provides a tool for near complete analysis of all transponder equipped aircraft
activities and utilization information within the 20,000 square miles R-2508 airspace
Complex. In this paper we also provide detailed AURS reports and examples of military
and civilian aircraft activities obtained with AURS.

KEY WORDS

Military Operating Areas, Beacon Codes, Flight Strips, Airspace Management, Special
Use Airspace

PURPOSE OF AURS

The Airspace Utilization and Reporting System (AURS) is designed to be a management
tool intended to reduce the potential for mid-air collisions and increase the efficiency of the
military and civilian traffic in the R-2508 Complex. The purpose of AURS is to maintain a
comprehensive database of flight and target data in the R-2508 Complex Airspace for the
development of timely and accurate reports documenting utilization of airspace.



INTRODUCTION

Special Use Airspace (SUA) is a finite Department of Defense (DoD) national resource
delegated to the military by the Federal Aviation Administration (FAA), which periodically
evaluates the usage and stewardship of airspace. Consequently, military managers of
airspace have always been interested in cataloging usage of SUA, Military Operating
Areas (MOA), and low-level routes under their control. They want efficient ways of
answering questions such as: how many aircraft entered and exited their airspace over a
certain period of time and how long did such aircraft operate in their Military Operating
Areas (MOA). However, answering these questions generally involve very tedious and
crude manual methods of counting flight strips, which provide only limited and often
inaccurate information about airspace utilization. Because of this limitation, other methods
are needed for producing accurate and timely information about aircraft activities and
utilization of Special Use Airspace.

BACKGROUND

The R-2508 Complex is a tri-service managed, high altitude restricted area used by the
Department of Defense, Civilian Agencies, Government Contractors, and Private
Organizations for the advancement of weapon systems technology and pilot training. It
covers nearly 20,000 square miles of the Upper Mojave Desert and contains five
independently managed special use restricted areas (R-2502, R-2505, R-2506, R-2515,
and R-2524). These special use restricted areas are encompassed by Military Operation
Areas (MOA) through which civilian aircraft operate. The daily management of the
Complex is done by the R-2508 Central Coordinating Facility. The airspace managers
(called ASM) assigned to that office have established the goal of improving efficiencies
and the reduction in the potential for mid-air collisions by using AURS. Figure 1 depicts
the R-2508 Complex.

The Complex is covered by six gap filler short range radar and three long range radar
which provide transponder input to an air traffic automation system called Rehost. Rehost
is used by air traffic controllers to monitor aircraft activity within the Complex. Rehost
also provides digital beacon data input to the Airspace Utilization Reporting System
(AURS). This beacon data consist of flight plan and track information on each aircraft
entering R-2508 airspace. Examples of flight plan information are departure and arrival
information, assigned altitude and beacon code, aircraft type and number of aircraft in
flight. Track information includes current position, mode C altitude, beacon code, aircraft
call sign, airspeed, and current date and time. AURS receives this data from Rehost in an
ASCII format and processes it into a customized Oracle database.



FIGURE 1: R-2508 Complex including restricted areas and MOAs

The processed data from AURS is made available to any authorized user by 0800 the
following morning. The data is received in tabular form on the user desktop computer
using the Oracle query based user interface called Oracle Discovery. It can then be sorted
as necessary to extract nearly any information about airspace utilization and aircraft
activity. Although AURS cannot track aircraft flight profiles, it provides valuable
information about a piece of airspace that can maximize its efficient use.



AURS HARDWARE CONFIGURATION

The AURS software consists of an Oracle Enterprise Manager 8.0 database operating on
Windows NT 4.0 platform. The system is entirely PC based and can be operated from any
desktop personal computer connected to the AURS network, or dialed in from any laptop
system equipped with the appropriate software and security codes. Figure 2 shows a block
depiction of the AURS hardware system. All hardware connection to AURS begins at the
AURS Central Hub. The Central Hub serves as a gateway for routing user queries to
AURS and one way radar data from the Rehost radar automation system into the AURS
server. Data coming from the Rehost is unidirectional beacon radar information protected
by another personal computer with firewall software installed. This radar information
consists of beacon data characterizing all pertinent aircraft target information, i.e., mode
3A and mode C data, etc.

Figure 2: AURS network connected to User network and Rehost autoon system



RADAR DATA ACQUISITION FRONT END

After passing through the AURS Central Hub the beacon data enters the Radar Data
Acquisition Front End (RDAFE) where it is stored for seven days. The RDAFE is simply a
personal computer containing seven files which continuously collect the radar data from
Rehost. It collects this information 24 hours per day, seven days per week. Each file
collects radar data on one particular day of the week. For example, Rehost file 1 builds up
on Mondays only, Rehost file 2 builds on Tuesdays only. Every seven days the collection
process recycles and starts over again.
 

 AURS CENTRAL SERVER
 

 Radar data passes from the RDAFE and enters the AURS Central Server. Aircraft position
information from the beacon data is merged with latitude-longitude mapping information
for the R-2508 Complex. The AURS Central Server software consist of a database created
with Oracle Enterprise Manager. The database allows AURS to perform the following
functions:
1) Load the beacon data from the RDAFE into the Central Server.
2) Constraint the beacon Data to client specified parameters.
3) Spatially defines R-2508 Military Operating Areas (MOA) based on latitude-longitude

maps.
4) Spatially defines aircraft identification and positional information from mode 3A and

mode C as well as aircraft velocity from analytical methods.
5) Determines aircraft position within R-2508 MOA.

AURS CLIENT CONNECTIVITY

The Airspace Manager’s (ASM) connectivity to AURS is through Oracle Discoverer 3.1
User Edition. The whole purpose of Discoverer is to help the Airspace Manager access
aircraft activity and airspace utilization data from the AURS database, analyze it to
support decisions, and create reports to keep track of important airspace information. This
information is available to the ASM through standardized or user defined queries and
reports.

Every Client workstation is interfaced to the AURS NODE through Oracle Discoverer 3.1.
Administrative Edition. The AURS-Node is the user interface part of AURS. The user or
client makes all information requests to AURS through Oracle Discoverer User edition.
This request are processed by the AURS NODE using Oracle Discoverer Administrative
Edition. The combination of Discoverer User and Discoverer Administrative Editions
allows the user to request a variety of information concerning the utilization and aircraft
activity within the R-2508 Complex.



Currently, AURS contains five (5) standardized queries which are available to any
authorized AURS client. The ASM’s, for example, can access the daily airspace
utilization, military and/or commercial minimum and maximum altitude utilization; aircraft
type, number in flight, call sign, beacon code, area with entry and exit times, as well as a
host of other query based information. These queries are automatically generated on a
daily schedule and the results are available to the ASM or other clients at 0800 local each
day.

Figure 3 displays a report generated on June 1, 1999. It is the Daily Airspace Utilization
report for April 1, 1999 and shows that R-2515 was utilized for four hours and fifty-four
minutes (4:54) during a twenty-four (24) hour period of time. Likewise, there were
seventy-nine aircraft that flew in R-2515. Also, line three shows that R-2506 (Area 15)
was utilized for only three minutes (:03) by four (4) aircraft.

FIGURE 3: Daily Utilization Report for April 1, 1999, Generated on Jun 1, 1999

In addition, the ASM can generate ad hoc analysis queries to support quick response
decisions, answer questions or aid in problem resolution. For example, an Airspace
Manager is asked the following question on June 1, 1999. Did any military aircraft fly at
airspeeds greater than 500 knots in the R-2515 special use airspace between 2100 to 2400
Zulu on May 27, 1999? To accomplish this, the airspace manager would query the
Discoverer 3 on his workstation with the above constraints. Figure 4 shows that on May
27, 1999 eight aircraft flying in the R-2515 special use airspace met the above constraints.



Figure 4 lists the date the activity took place, the call sign of all military targets in that
particular airspace, the abbreviation for the area (R-2515 is listed at 15), the maximum and
minimum altitudes and ground speeds. Had the operator request also included non-military
aircraft as well, the table would have obviously been larger.

Notice that the request was made for information which took place five days earlier. As
mentioned before, AURS automatically archive the daily database tables indefinitely for
retrieval at any time in the future. All files are archived using the current date ( format
DDMMYYYY) as the file name in order to make retrieval as easy to remember as
possible. For instance, May 20, 1999 would be retrieved by opening the file 20051999.

Figure 5 shows the result of a quick reaction query generated on May 20, 1999. The task
was to identify maximum and minimum altitudes of all military cargo aircraft flying in R-
2515 between Mar 30 and 31.

FIGURE 4: Aircraft Activity on May 20, 1999



FIGURE 5: A typical Quick Reaction Query for military cargo aircraft activity for R-2515
 

 As seen from figure 5, there were nine military cargo aircraft (identified by call signs) in
R-2515 during that particular 24 hour period. The manager can e-mail the results anywhere
or export the results to an Excel spreadsheet at the push of a mouse button. Reports can be
generated and transmitted to provide daily, weekly, or monthly traffic counts of all Military
Operating Areas and Special Use Airspace.
 

 BENEFIT OF AURS
 

 AURS provides a unique advantage in the area of efficient airspace utilization. It provides
a software tool for managers to ask questions that will lead to rapid answers regarding
their airspace. Managers can know quickly how many aircraft entered and exited their
airspace, what times were involved, various altitude and speed information and many other
types of valuable information regarding traffic count and utilization of airspace.

 

 CONCLUSION
 

 The Airspace Utilization Reporting System (AURS) is a customized database developed
as an air traffic management tool to assist in maximizing the efficiency of airspace usage
within the R-2508 Complex. The system is designed with commercial-off-the-shelf
hardware and software which can be easily modified for other types of airspace, including
the National Airspace. AURS operates continuously and automatically archives airspace
information which can be queried at any time in the future. AURS can be used to virtually



eliminate the need for flight strips in managing airspace. We believe AURS will become a
valuable tool for the development of timely and accurate reports documenting utilization of
the airspace.
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ABSTRACT

Joint Advanced Missile Instrumentation (JAMI), a 1997 new-start multi-year Central Test
and Evaluation Investment Program (CTEIP), is developing advanced telemetry system
components that can be used in an integrated instrumentation package for tri-service small
missile test and training applications. JAMI will provide telemetry, Time-Space-Position
Information (TSPI), flight termination and end-game vector scoring in a low cost, modular
package that will allow world-wide test and training− eliminating, in most cases, the need
for range-specific (or multi-system) facilities. JAMI will incorporate Global Positioning
System (GPS)-based technology as the TSPI and vector scoring engine, and address the
feasibility of a solid state programmable safe and arm. This paper discusses the progress of
the program during the Test Technology Development and Demonstration (TTD&D)
phase and the efforts planned for fiscal year 1999. Preliminary testing of GPS receivers
and conformal GPS antennas on missile platforms are discussed.
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INTRODUCTION

The JAMI program was initiated three years ago to address enhancements in missile
instrumentation primarily through the introduction of GPS as an improved and worldwide
tracking source. The concept of a programmable Flight Termination Safe and Arm (FTSA)
device was identified early on as another telemetry system component which could have



significant cost savings to emerging and future weapon developments. The need for JAMI
components was identified for the following reasons:

• GPS technology was identified as one of the most significant enhancements to the
test and evaluation of weapon systems

• Existing GPS hardware was large and could not be used in high dynamic
applications at costs similar to existing radar transponders

• Weapon scoring quality accuracies had been demonstrated using C-A Code
GPS in low dynamic application

• FTSA hardware was weapon-specific and expensive.

JAMI will have applicability to tri-service small missile programs, e.g., the JAMI concept
has support from several Program Offices, as well as the missile target development
programs. For these reasons, the Office of the Secretary of Defense (OSD) chose to
initiate in fiscal year 1997 a CTEIP program. As part of this effort, OSD also provided
TTD&D funding earmarked to mitigate the risks associated with JAMI development.

BACKGROUND

There are a host of participant types in a typical test or training scenario, though many
scenarios involve a shooter aircraft, a missile, and a target drone. OSD-sponsored
programs are providing GPS-based TSPI for each of these platforms.

GPS technology is a rapidly changing field. Three years ago, the prevailing thought was
that GPS receivers, especially low cost commercial receivers, could not track through high
dynamic missile flight environments. It was assumed that GPS translators would be
required in high G environments. The Translated GPS Ranging System (TGRS) program
was funded by OSD to provide a digital translator for such applications.

At about the same time, OSD also funded the High-Speed Telemetry Sensor Systems
(HSTSS) program to develop miniature, hardened telemetry components. The HSTSS
program investigated the utility of not only very small GPS receivers for projectile
applications, but also investigated the effects of adding a low cost set of inertial sensors to
the design in a tightly coupled configuration. The results of the co-variance analysis
showed that the GPS receiver accuracy could be very high in a high dynamic missile flight
environment, but hardware to support missile dynamics of over 50 Gs did not exist.

The Air Force eastern and western test ranges have been directed to phase out radar as a
range safety-tracking source over the next three to four years and replace it with GPS.
Heavy lift vehicles are relative, low dynamic vehicles and have maximum acceleration of
only a few Gs. Existing receiver hardware has been flown on several vehicles with
excellent results and reliability. The Range Commanders Council, Range Safety Group



chartered a subcommittee two years ago to develop guidelines for implementing GPS into
vehicles on national ranges. This group has now published design and testing standards for
GPS systems that will be used for range safety tracking on national ranges.

TTD&D Efforts

The TTD&D (i.e., risk reduction) portion of the program had several goals:

• Assess the end-game scoring performance and implementation issues of alternative
GPS-based processing algorithms to ascertain the feasibility of using GPS for end-
game scoring

• Assess and evaluate the performance of existing GPS receivers in high dynamic
environments

• Assess the performance of alternative multi-band conformal antenna design
approaches to derive a JAMI baseline. Evaluate the environmental qualification
requirements for possible common, flight termination system hardware.

All TTD&D areas of investigation were completed during 1997 and 1998. Extensive
analysis was completed on the sled track tests and the December 1997 Vandal missile test.
The Vandal test provided an excellent flight to evaluate the dynamic tracking capability of
a commercially available receiver and an opportunity to evaluate different software
products to determine whether vector-scoring accuracies could be achieved. A paper was
presented at the Institute of Navigation Conference in September 1998 which detailed this
analysis.

Another TTD&D effort planned for the Fall of 1998 was a Sidewinder test shot at Tyndall
Air Force Base. This effort was postponed due to delays in dual-band antenna deliveries
and software problems discovered in the GPS receiver selected for use. This delay was not

Figure 1 Ashtech G-12 and AN/DKT-80 Interface



all bad, however and an improved data set of raw receiver data was defined which resulted
in lower bandwidth and improved ground-processing capability. The specifics of this
development are covered by another paper. Two AN/DKT-80 telemetry systems were
modified with the addition of an Ashtech G-12 HDMA receiver card as shown in Figure 1.
The two telemeters will be installed on two AIM-9M Sidewinder missiles.

The electronics of an AN/APN-194 radar altimeter were removed and replaced with a G-
12 receiver, a pulse code modulation encoder and S-band transmitter. It will be used to
track the MQM-107 target that will be used during the missile flight test.
GPS information transmitted from the missile and target will be linked via telemetry to a
JAMI-developed ground processor that will provide a real-time position solution to the
Range Control Center at Tyndall Air Force Base.

One interesting problem that arose during Sidewinder GPS antenna testing was that of how
to measure the phase center of a multi-element conformal antenna. Phase center is the
point in space, or in some cases a set of points, where the antenna appears to be a point.
This is not a big problem in small missiles because the missile diameter is much less than
the required scoring accuracy of + 2 feet. For larger diameter missiles, the phase center is
critical in determining actual miss distance at intercept. For the Sidewinder antenna testing,
a fixture was fabricated which allowed the antenna to be moved lengthwise with the
missile body and laterally to offset the missile with respect to the center of rotation of the
anechoic chamber turntable. By measuring the phase change while the missile was rolled
and yawed, an offset was calculated and the antenna position was changed. The process
was then repeated to verify that the phase change was minimized as the missile was
moved. This process was fairly simple because the Sidewinder missile has a diameter of
only five inches. It would be much more complicated on a large missile body.

Testing also continued on the Generic Flight Termination System (GFTS) at Redstone
Arsenal with the addition of another source of flight termination receiver. Most of the
GFTS hardware was tested to much higher environmental levels than had been previously
tested.

JAMI Phase 2 – Full Scale Development

JAMI Documentation- Several documents are required by OSD before approval for phase
2. These included the Program Baseline that describes the execution plan for the entire
program. The Life Cycle Support Plan describes the expected costs of the program once
implemented onto a national range. The Test Cost Benefit Analysis was also completed
with documents the expected system savings once JAMI components have been integrated
into weapon instrumentation systems and fielded on the ranges.



With the prospect of becoming a fully funded phase 2 program, one of the problems faced
was the prioritization of risks associated with the various development areas identified as
the basic JAMI program. In 1997, JAMI had been identified as a five-year development
program with funding equally allocated over five years beginning in 1999. The FTSA
development was considered the lowest risk because similar devices had already been
proposed or were under investigation by industry as in-house research and development
efforts. For this reason it was placed as the first priority for development.

The GPS TSPI engine was considered the next lowest risk development. This concept was
further defined to split the GPS TSPI concept into a low dynamic (accelerations up to 25
Gs) and a high dynamic version with accelerations up to the JAMI-specified limit of 50
Gs. Analysis of the sled track tests and the Vandal flight demonstrated that existing
commercially available hardware could meet the lower dynamic flight scenarios.

The end game scoring concept was considered the most risky in 1997 and scheduled for
development in 2002. Recent analysis now indicates that end game scoring can probably
be done using a high dynamic GPS receiver or translator with inertial sensors added to
improve the GPS solution and to provide attitude information at the point of intercept as a
ground station software process.

Flight Termination Systems- JAMI invested in flight termination technology in two
primary areas; a programmable flight termination safe and arm device, and support for a
GFTS qualification testing by the Air Force. The JAMI FTSA specification was completed
in the fall of 1998 and sent out to the ranges for review in April 1999. Several range safety
meetings were briefed on the JAMI concept, and several missile program offices have
expressed specific interest. Since several programs had expressed an interest in the FTSA
and due to a delay in full scale development funding, a proof of concept design was
undertaken by the Fuze Development Branch at the Naval Air Warfare Center. This effort
is expected to reduce the full-scale development time by nine to twelve months.

Significant progress has been made in the FTSA design and development effort. The
design is based on Low Voltage Exploding Foil Initiators technology. A novel firing circuit
has been designed. The entire firing circuit can be built with off-the-shelf, low cost parts
and has been tested to over 10,000 firings without noticeable degradation.

The GFTS program was initiated as an attempt to identify and qualify a family of
components that could be used to quickly assemble a flight termination system for Air
Force munitions. Miniature flight termination receivers from two vendors were tested to
environmental levels much higher than had previously been tested. In addition, a 425 MHz
antenna, power combiner, battery, safe and arm, and cutter were tested. Testing was
conducted in steps with the maximum vibrational level exceeding 40 GRMS.



Unfortunately, the program was terminated before testing was completed but a report
documenting the results of the testing to date is underway.

TSPI- The second priority was the development of a GPS receiver solution, which could
be used for range safety TSPI tracking. The JAMI test capabilities requirements document
requires a receiver that can support missile maneuvers of up to 50 Gs. Based on the
TTD&D testing, it became apparent that existing hardware could support accelerations of
up to 25 Gs and jerk of 400 Gs/sec. Since JAMI has always taken the position that it was a
component-oriented program, it was decided to divide the GPS TSPI program into low
dynamic and high dynamic variants. This would allow for the quick development of a low
dynamic receiver and introduction into a missile platform much sooner than originally
expected. At the same time, various techniques to improve receiver dynamics were
investigated to meet the higher dynamic application.

The GPS community identified several years ago the need to evaluate not only the GPS
solution for high accuracy solutions, but raw receiver data as well. This raw data consists
of what are called “pseudo rates and ranges” and can be used with a reference station to
dramatically improve the position accuracies. An interesting product that resulted from the
goal of supporting Sidewinder was the development of a Missile Application Condensed
Message, dubbed MACM. This message structure was developed in conjunction with
Ashtech/Magellon and resulted in a data bandwidth decrease of 50% for the raw GPS
telemetry data.

End Game Scoring- The most difficult technical challenge was assumed to be that of
using GPS for end game scoring between a missile and target. Scoring is complicated by
the fact that precise missile and target attitude is required not only to accurately score a
miss, but also to determine lethality. The JAMI GPS team quickly came to the conclusion
that end game scoring accuracies would be more a product of sophisticated ground station
post processing rather than by adding sophistication and cost to the GPS airborne
hardware. JAMI is investigating three different software approaches at this time:

Waypoint of Calgary, Canada has a commercially available product called Grafnav that
uses double difference carrier phase ambiguity measurements to determine the best
position solution. It works very well as long as good GPS tracking can be maintained.
It also has cycle slip repair capability in the event of a GPS dropout.

MOSES is a post-processing software product developed by the Air Force in support of
the B-1 flight test program. It is highly structured and uses all available “sensors” to
calculate the best solution. GPS inputs are one of several sensors that can be selected
along with acceleration and rate sensors or ground-based sensors such as radar of



cenitheodolites. If inertial sensors are present, the MOSES output is position, position
rates, attitude and attitude rates of the object, versus time.

Wide Area Differential GPS is a Navy-developed design which uses refined positional
“correctors” derived from a set of precisely known and widely spaced reference
stations to provide a greatly improved differential GPS solution.

The sensors that will eventually be used as part of the GPS system are still being
investigated. The HSTSS program has characterized several sensors, especially
accelerometers. Low cost rate sensors are being developed for the automotive industry but
they are not available at this time. Air bag accelerometers are available and are very
inexpensive and have excellent characteristics in the + 50 G range.

JAMI Component Integration

One of the major elements of the JAMI program is the integration of JAMI components
into weapons instrumentation systems to demonstrate the effectiveness of GPS and
programmable flight termination system hardware on the range. In an effort to form
integration partnerships, many program offices were contacted and given the JAMI
presentation and status. As a result of such contacts, JAMI received an endorsement letter
from a missile program for the FTSA development effort.

Based on test results on commercially available GPS receivers, it became apparent that
existing hardware could support TSPI tracking of low dynamic missile platforms with
minimal additional development. In September 1998, representatives from a missile
program contacted us and inquired whether JAMI would be interested in providing GPS
hardware for the missile development testing flights. A draft Memorandum of Agreement
was drafted and a Statement of Work was prepared. After several iterations an agreement
was reached in which JAMI would provide a packaged GPS receiver design that would be
interfaced with the telemetry system identified for the missile. The plan is to keep the radar
transponder in the design until such time that the GPS can be demonstrated to be as
reliable as the C-band transponder and a more precise tracking aid. Issues still being
worked include initial acquisition time and ground station software tailoring, if required.

SUMMARY

The JAMI program has made significant progress in identifying existing GPS capability
and applying it to weapons platforms as a TSPI tracking source. The GPS integration into
a missile system will result in actual range demonstration of JAMI hardware in the next
two years. Progress has also been made in defining a GPS data set that will support end
game scoring quality measurements. A GPS receiver has been integrated into a Sidewinder



telemeter for free flight analysis. A preliminary JAMI ground processor and range display
interface unit has been designed and integrated at Tyndall Air Force Base.

A conceptual design for a programmable FTSA has been completed, the specification
completed and submitted for review to the range safety community, and a proof of concept
design is underway.
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ABSTRACT

During high performance fighter aircraft manoeuvres, a fighter pilot may be exposed to a
physiological phenomenon known as the “Push-Pull Effect” (reference (ref) [1]). This
effect will alter the pilot’s homeostasis whereas blood flow to the brain will be increased
during low negative normal acceleration (-Gz) and suddenly decreased during positive
normal acceleration (+Gz). It has been hypothesized that this effect can lessen the G-
tolerance of the human body thereby making the subject more susceptible to G induced
Loss of Consciousness (G-LOC) (refs [2], [3] and [4]). G-LOC is not a desirable state for
a pilot in a high performance aircraft such as a CF-18.

To better understand and study the Push-Pull Effect on a fighter pilot, the Aerospace
Engineering Test Establishment (AETE) and the Defence and Civil Institute of
Environmental Medicine (DCIEM) produced an In-Flight Research (IFR) Program
sponsored by the Canadian Forces (CF). The aim of this program was to measure the
physiological response of relaxed test subjects, unprotected by a G-suit, when exposed to
the Push-Pull manoeuvre in flight. This IFR would validate the centrifuge data and
confirm that the Push-Pull Effect can occur in flight. This paper will present the
instrumentation, design, telemetry system and installation methodology utilized to
perform experimental physiological research on a high performance, ejection seat
equipped fighter aircraft (CF-18). Also, preliminary results on the Push-Pull Effect,
obtained through this IFR Program will be presented.
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INTRODUCTION

Push-Pull Effect Description:  A fighter pilot is often exposed to +Gz which is highly
counteracted by the utilization of a G-suit. During aerial combat manoeuvres, to gain
kinetic energy i.e. airspeed, a fighter pilot will transition to very low normal acceleration
(Gz), sometimes going to a low -Gz. Once airspeed has been gained, the pilot will pull
high +Gz to continue with the flight. This last type of combat manoeuvre is known as
“Push-Pull” since the pilot pushes and then pulls on the control stick. It has been found
that such a manoeuvre may be the cause of certain aircraft crashes (ref [5]) due to the
decrease in head level blood pressure, leading to G-LOC.

Push-Pull Effect Testing: Various centrifuge and simulator experiments (ref [6]) have
been conducted through the years to study the effect of +Gz and even -Gz but the
presence of lateral and longitudinal accelerations (Gx and Gy) from these systems have
raised some concerns about the validity of the data. Therefore to fully study this effect,
DCIEM proposed, in 1996, a collaborative investigation with AETE to study the Push-
Pull Effect during flight. Non-intrusive biomedical measurands were installed on the
chest (ElectroCardiogram (ECG)), stomach and legs (ElectroMyogram (EMG)) and head
and fingers (Arterial Blood Pressure) of a test subject who was strapped in the back seat
of a dual-seat CF-18 aircraft. Also, a visual cue identification and response system was
designed and installed in the aircraft. This system was used to monitor tunnelling of
vision symptoms during +Gz exposure. A color video camera was mounted in front of the
test subject to monitor eye movement and facial expression. The aircraft utilized during
this IFR program was a fully instrumented Canadian Forces CF-18 which was modified
to allow in-flight acquisition and recording of all the biomedical measurands attached to
the test subject. Moreover, the biomedical measurands and color video of the test subject
were digitized (2 Megabits/sec (Mbps) Pulse Code Modulated Non-Return-to-Zero Level
(PCM NRZ-L)), compressed and telemetered real time (S-Band) to the Flight Test
Control Room (FTCR) to analyze the physiological behavior of the test subject as the
flight profiles were flown. Throughout this IFR program, over 40 test missions with
various flight profiles were performed with 16 test subjects in the spring of 1998.

First, a description of the flight test instrumentation on the CF-18 will be presented
followed by the design and concept utilized to implement the biomedical measurands on
this fighter aircraft. Afterwards, a general description of the ground and airborne
telemetry system will be provided including the utilization of a video compression
system. Finally, the flight test technique, profiles and preliminary results of this IFR will
be presented.



CF188907 FLIGHT TEST INSTRUMENTATION SYSTEM

Baseline Instrumentation:  Two of the 134 CF-18 fighter aircraft, CF188701 and
CF188907, bought by the Canadian Air Force in the early 1980’s, were delivered by
McAir to AETE with a full Flight Test Instrumentation Package installed. In 1996 and
1998, an extensive upgrade of the instrumentation system on CF188701 and CF188907
was performed by AETE’s engineers. The upgrade included replacement of all major
data acquisition components with state of the art units, installation of new systems such
as a Triple Deck Cockpit Video Recording System (TDCVRS), and rewiring of a large
portion of the instrumentation system. The baseline instrumentation system, used during
this IFR on CF188907, consists of the following major sub-systems:
(1)  The TDCVRS, which uses a TEAC V-83AB-F recorder, two sill cameras and a

color Head-Up Display (HUD) camera;

(2) A programmable data acquisition system, which uses the Aydin Vector PCU-816
and 808 to signal condition and encode transducer and 1553 MUX BUS signals. The
signal conditioning cards in the PCUs allowed the selection of two important
parameters. Primo, a pre-sample filter Cut-Off frequency (fc) using a DC coupled,
unity gain, 6-pole active Butterworth Low Pass Filter (LPF) was selected by the user
by plugging in a resistor network for each channel. Finally, the Sampling Frequency
(fs) and filtering were selected to be able to bandlimit the signal waveform of
interest, retain all of its significant features and minimize aliasing;

(3) The Primary Data Recording System (PDRS) uses the Merlin ME-981 Encoder for
Pulse Code Modulation (PCM) to Video Formatting and recording is performed via
the TEAC V-80AB-F HI –8 Recorder. Also, at this moment, AETE is testing the
Operational Test Instrumentation System (Otis) which uses solid state data recording
capability therefore moving away from tape recording. Another characteristic of Otis
is the utilization of the Global Positioning System (GPS) and the aircraft’s Inertial
Navigation Set (INS) for Time, Space and Position Information (TSPI).

(4) The Secondary Data Recording System (SDRS) is the MARS 2000 Modular
Airborne Recording System which can directly record up to 14 channels for PCM
and/or analog signals on 10.5 inch reels of tape;

(5) Time Code Generator (TCG) system uses the DATUM 9150 TCG and allows for
time correlation of all data streams being recorded and telemetered;

(6) The Telemetry (TM) system, uses a Loral Conic Video Compression System (VCS)
600A and two Lockheed Martin Conic CTS-905 S-Band (2362 MHz and 2372 MHz)
transmitters to provide a real-time transmission of video and measurand data to the



Flight Test Control Room (FTCR) at AETE. The TM System will be described in
more detail below; and

(7) Transducer installations which include accelerometers, wing strain gauges, aileron
motion sensors and fuel quantity sensors.

Figure 1 shows the emplacement of the above components on the aircraft. One of the
most important baseline measurands that had to be gathered during the IFR Push-Pull
testing was the acceleration of the aircraft. The intent was to measure, as closely as
possible, the G on the subject in the backseat. All three axes (Gx, Gy and Gz) were
measured for completeness of the data and to verify the exact G vector to which the
subject was exposed. On the test aircraft, CF188907, there are three sources that can
provide the normal, longitudinal and /or lateral acceleration (Gz, Gx and Gy
respectively). An accelerometer located near the Centre of Gravity (C of G), panel 42L
on the aircraft provides normal acceleration. This transducer is located 160.5 inches aft of
the rear seat (longitudinal axis). It was installed and calibrated by AETE. Normal
acceleration (Gz) and the lateral acceleration (Gx) can also be obtained from a linear
accelerometer located next to the Flight Control Computer A (FCCA) on CF188907.
These measurands are captured from the 1553 MUX BUS using the PCU-816, recorded
in the aircraft and telemetered to the FTCR as discussed below. This accelerometer,
installed by McAir, provides information to the FCCA and is installed 19.0 inches
(longitudinal axis) ahead of the test subject’s seat. Finally, the INS provides Gz , Gx and
Gy measurands. These measurands are retrieved from the 1553 MUX BUS by the PCU-
816, recorded in the aircraft and telemetered to the FTCR as discussed below. The INS is
located 1.12 inches (longitudinal axis) ahead of the test subject’s seat.



Biomedical Instrumentation:  To study the effect of Gz on the human body, the following
parameters were measured during this IFR (refer to figures 1 and 2 to have an idea of the
location of these measurands in the aircraft and on the test subject):

(1) Arterial Blood Pressure (BP) - Head and Heart:  Blood pressure indicates the
ability of the blood to circulate in the test subject’s body against G force gradients. To
adequately measure the heart and head blood pressures of the test subject sitting in the
back of the aircraft, a portable instrument to monitor finger arterial pressure was
utilized (PORTAPRES). This unit provides an indirect and non-invasive measurement
of blood pressure in a finger using a photoplethysmograph technique (refer to [7]).
Therefore like the larger bicep’s version, blood pressure can be measured by using
miniature finger cuffs, that fit on the end of the finger, which must be inflated and
maintained at a constant pressure. To measure the heart and head blood pressure using
the PORTAPRES unit, a finger cuff including a pressure transducer is placed at the
measured finger and the compliant ending is placed at the reference level. In our case,
the reference level was the heart; therefore the end of the pressure transducer was
attached under the flying suit of the test subject at the heart level (see figure 2). For
the head blood pressure measurements, the reference level sensor was attached to the
helmet of the test subject at eye level. The pressure transducer and reference level
sensor is a height correction system which compensates for hydrostatic level effects
due to arm movement or/and changes in +Gz. To minimize any movements of the
tests subject’s left hand, where the two finger cuffs were attached, the test subject’s
hand was immobilized with an AETE designed adjustable 35° arm rest. This
mechanism also minimized recording errors and allowed the two finger cuffs to be on
the same plane as the heart of the test subject. Finally, two Control Units were located
on the right hand side of the test subject, attached to the canopy. The test subject was
required to activate a touch pad button, on the Control Units, to re-calibrate this
system between different profiles as explained below. The main PORTAPRES Units
were mounted on the back canopy deck (see figure 1) and connected to the PCU-808
located in the 4L Instrumentation Bay. The analog outputs of these units were
digitized and formatted into a PCM NRZ-L stream to be recorded and telemetered.     
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(2) Ear Pulse/Opacity Transducers: These non-invasive measurands provided a
qualitative indication of the amount of blood (opacity) and the blood pressure (pulse)
reaching the head (at eye level) of the test subject during the Push-Pull manoeuvre.
They were used in conjunction with the blood pressure measurand mentioned above
and therefore helped in the prevention against inadvertent G-LOC of the test subject
during flight. These measurands were utilized as the primary indicator of circulatory
events leading to possible G-LOC. DCIEM designed the opacity and pulse sensor
which included an integrated photodiode having an output varying from 0.1 Volt (V)
for dark conditions to 3.5 V for full brightness and an Infra-Red (IR) Light Emitting
Diode (LED) with a wavelength of 985 nanometers (nm). Both the photodiode and IR
LED were molded in a separate silicon rubber substance and positioned in each side of
the upper part of the right and left ear (pinna). Therefore as the amount of blood
increased or decreased at the ear, the IR LED would transmit less or more light to the
receiving photodiode on the other side of the pinna. The signal was sent to the ear
pulse/opacity unit, located on the upper left hand of the test subject in the back cockpit
deck, by two cables attached to the helmet of the test subject and ending at a ten (10)
pin quick disconnect connector. This connector was configured to facilitate ejection
and critical egress clearance. The analog output of this unit was also digitized and
formatted into a PCM NRZ-L stream to be recorded and telemetered. Thus, after
getting dressed, the test subject had to carry an “umbilical cord” on his left hand that
contained the wires for the ear opacity/pulse unit. A major challenge with these
transducers was to be able to install them adequately on both ears and afterwards place
the combat helmet on the test subject. After installing the transducers and helmet on
the test subject, a bench test was performed to quantify the performance of the
transducers before directing the test subject to the aircraft.

(3) ElectroCardiogram (ECG):  This non-invasive measurand provided information on
the changes of electrical potential occurring during the heartbeat of the test subject. It
indicated the stability of rate and rhythm of the test subject’s heart. To measure the
ECG on the test subject, a BIOLOG (ref [8]) unit, which is an ambulatory data logger
specifically designed for research involving biological signals and physiological
phenomena, was utilized. Three electrodes were directly affixed to the skin of the test
subject as described in ref [8]. All the cables attached to the electrodes were connected
to a twenty six (26) pin quick disconnect connector. Therefore, the test subject would
carry another umbilical cord on the right hand when boarding the aircraft. The
umbilical cord would then be connected to the right hand side of the aft cockpit to a
mating connector. This last connector would relay all the cables to the BIOLOG unit,
located on the back cockpit deck in the right hand side above the right shoulder of the
test subject (figures 1 and 2). All the data was then relayed to the PCU-808, PDRS
and TM system.



(4) ElectroMyogram (EMG): The EMG measures the electrical signals which
accompany activation of any skeletal muscle. Since it was important to have the test
subject relaxed, and therefore that no straining manoeuvre be performed, the EMG
measurands were able to give us such an indication. Six (6) electrodes were connected
to the leg and abdomen of the test subject and attached to the BIOLOG signal
conditioning box through the twenty six (26) pin quick disconnect connector
mentioned above. The electrodes were placed parallel to the long axis of the muscle
fibers on the right leg and abdomen. Again, the analog output data of the BIOLOG
was relayed to the PCU-808, PDRS and also telemetered to the ground for real time
analysis.

(5) Visual Cue Identification and Response System: The visual cue identification
system was used to detect and record the tunnelling of the test subject's vision when
exposed to Gz. This parameter is another important indicator of Gz tolerance. This
measurement of vision serves as an endpoint marker for +Gz tolerance. Three lights
(one centre and two peripheral ) were placed at approximately eye-level (above the aft
instrument panel) facing the test subject in the rear cockpit of the instrumented test
aircraft (see figure 1 and 2). The centre red light was situated directly in front of the
subject while the peripheral green lights were located at approximately 25º on either
side of the centre light (with respect to the test subject). The lights illuminated at
random intervals between 1 and 1.5 seconds. Note that the two green lights were
connected in parallel and thus illuminated simultaneously. When the test subject
observed a light, he/she pressed a button corresponding to the light that illuminated
(centre or peripheral). This button, which was activated with his/hers right thumb, was
located on a control stick in the rear right hand console panel. Pressing the button
extinguished the light and the cycle repeated. If the button was not depressed, the light
remained on, and the other light continued to cycle randomly. Also, the subject was
required to hold down, with his right index finger , a trigger dead-man's switch on the
control stick. Releasing the switch illuminated an Abort Light on the pilot's instrument
panel, possibly indicating G-LOC of the test subject. Therefore, this Abort Signal
system enabled the pilot to know if the test subject wanted to terminate a test profile
or if he/she experienced G-LOC. To generate the pseudo-random signals and control
the operation of the centre and peripheral lights, as well as the action taken when the
'extinguish' buttons are pressed, a visual cue/randomizer circuit was designed by
AETE. The randomizer circuit was based on a PIC16C84 microcontroller, running on
a 4MHz crystal, giving it an instruction cycle time of 1µs. It was located in the 4L
Instrumentation Bay as shown in figure 1 and was directly connected to the visual cue
identification lights, the control stick and the abort indication light located in the
cockpit. The randomizer circuit was also connected to the PCU-808, the PDRS and
the TM system. Thus, the FTCR could monitor real time how the test subject was
“shooting” the lights or if he/she released the dead man switch.



(6) Body Core and Cabin Temperature: An increase of the body temperature promotes
vasodilatation which, in turn, can lower blood pressure in the test subject, and
therefore, Gz tolerance. Thus, the test subject’s oral temperature was measured twice,
just after being strapped in the aircraft and again immediately after unstrapping (post
flight). Also, the cabin temperature was monitored using a temperature probe and
display unit located in the rear cockpit. The analog output of the unit display was also
digitized (PCU-808), recorded (PDRS) and transmitted by telemetry as mentioned
below.

Ground and Airborne Telemetry System: AETE’s S-Band TM system can be divided in
three subsystems:

(1) Aircraft TM Subsystem: The test aircraft CF188907, used for this IFR Push-Pull
program, is equipped with two Lockheed Martin Conic CTS-905 S-Band transmitters
having 2362 MHz and 2372 MHz as centre frequencies. One of the transmitters (2372
MHz) is connected to two TECOM Right Hand Circularly Polarized (RHCP) antennas
located on the upper dorsal deck and lower nose of the aircraft (see figure 1). The
other transmitter (centre frequency at 2362MHz) is connected to two Left Hand
Circularly Polarized (LHCP) antennas located on the Vertical Stabilizers (V-Stabs) on
CF188907 as shown in figure 1. Therefore this aircraft is equipped with frequency,
spatial and polarization diversity for better tracking and reception. Also a Loral Conic
Video Compression Unit 600A (VCU-600A) is installed in the aircraft. The VCU-
600A encodes analog video (from the SILL and HUD cameras for example) and
digital data (measurands from the PCU-816) in a single PCM NRZ-L signal, which is
transmitted to the ground. During this IFR, a color camera was mounted in front of the
test subject to monitor eye movement and facial expression for any sign of G-LOC.
This camera was connected to the VCU-600A as well as a 500 kilobits/sec (kbps)
biomedical and baseline instrumentation PCM NRZ-L signal encoded by the PCU-
816. The overall output data rate of the VCU-600A fed to the transmitters was 2 Mbps
providing a real time video image of the test subject’s face and measurand data to the
ground TM station. The PCM format for the biomedical and baseline measurands had
the following characteristics: 1 Major Frame, 9 minor frames/ major frame, 225
words/ minor frame and 12 bits/word. Thus with a data rate of 500 kbps, the Minor
Frame Rate (MiFR) and Major Frame Rate (MaFR) were respectively equal to 189.19
minor frames/sec and 20.58 major frames/sec. Over 67 measurands were part of the
PCM format ranging from SubCommutated Data (SubCom) (20.58 samples per
seconds (sps) especially for 1553 MUX BUS data) to Super-Commutated Data
(SprCom) (rates up to 8333.33 sps for the digitized pilot/test subject voice).

(2) Primrose Lake Evaluation Range (PLER) TM Subsystem: The Push-Pull flight
test profiles were performed at PLER which is located approximately 60 kilometers
(km) north of the FTCR. PLER contains a 10 foot (ft) dish Telemetry Tracking



System (TTS) which tracks the aircraft and acquires the TM transmitted data. The
TTS is connected to two receivers (Microdyne 1400-MRA), a Diversity Combiner
(Microdyne 3200-PCA) and a Bit Synchronizer (Aydin Vector Model 336A). The
output of the Bit Synchronizer is connected to an S-Band transmitter with a centre
frequency of 2387 MHz to rebroadcast the TM data to the FTCR therefore providing
real time data of the aircraft during its flight at the range.

(3) FTCR TM Subsystem: The TM data transmitted from PLER is acquired by a single
Microdyne 1400 MRA Receiver in the FTCR. The video output of the receiver is
connected to a Bit Synchronizer (Aydin Vector Model 335) to produce a synchronous
signal that is fed to a Video Expansion Unit 600A (VEU 600A). The VEU 600A,
working in pair with the VCU 600A, decodes the incoming PCM digital data stream
back to an analog video signal and a data signal. Therefore it provides an analog video
output (connected directly to a monitor) and an NRZ-L data signal (biomedical and
aircraft instrumentation data) that is fed to the Loral 500 Decommutation System.

Integration of the Baseline/Biomedical and Telemetry Systems:  The most difficult aspect
of a medical IFR program such as this one is the integration of all the biomedical
equipment in a fighter aircraft such as the CF-18. Three main considerations had to be
taken into account during the integration of such instrumentation on the aircraft.

(1) Electrical Isolation of the Test Subject:  Since the test subject’s skin is in direct
contact with electrodes and other biomedical sensors, there is a possibility that he/she
might be exposed to electrical shock hazards. To reduce the probability of such an
event, the circuit design of all the systems integrated together had to isolate the test
subject from any conductive path in the aircraft. This was performed by using
Isolation Amplifiers (BURR BROWN ISO120SG) and DC/DC Converters (VICOR
MI-J00). Both of these systems have isolation characteristics that meet the Canadian
Standard Association’s (CSA) requirements for Medical Electrical Systems (ref [9]) :

a. The Isolation Amplifiers ISO120SG use a duty cycle modulation-demodulation
technique to transmit a signal. The signal of interest is transmitted digitally across
a 2 pF differential capacitive barrier. This capacitive barrier allows only a limited
amount of leakage current to go through the test subject in case of a malfunction of
the system.  If we use the voltage and frequency generated by the aircraft
generators i.e. V =115 volts AC and f = 400 Hz then, the typical leakage current
through this isolation device would be equal to 0.58 uA:

I leakage = V/ Xc = V x (2πfC)
= (115 V)x(2π (400Hz)(2x10-12F))
=  0.58uA



where V = aircraft AC voltage, f  = aircraft frequency and C = capacitive barrier of
the isolation amplifier. This leakage current is less than the 100 uA rms
recommended by CSA 22-2 (ref [9]). Nine (9) isolation amplifiers were installed
on a Printed Circuit Board (PCB) and were used to separate the biomedical units
from the test subject to the PCU therefore eliminating any potential shock hazard
coming from the PCU system as shown in figure 2.

b. Five (5) DC/DC Converters were utilized to supply power to all the Biomedical
Units (i.e. Biolog, Ear Opacity/Pulse, two (2) Portapres Units and the Isolation
Amplifiers PCB).  Also a Military Input Attenuator Module provided
ElectroMagnetic Interference (EMI) filtering and offered complete input transient,
surge and spike protection. Reverse polarity protection and overvoltage lockout
provided additional safeguards against potentially damaging line conductions.
Finally one of the most important characteristics of these DC/DC converters, is that
their input to output isolation characteristics meet CSA’s safety standards:  DC/DC
Converters Isolation  = input/output capacitance (C): typical = 50 pF or maximum
= 75 pF. Using the voltage and frequency generated by the aircraft generators i.e.
V =115 volts AC and f = 400 Hz then

I leakage = V/ Xc = V x (2πfC)  = (115 V)x(2π (400 Hz)(75x10-12 F))
= 21.7 uA which is less than 100 uA rms recommended by CSA

                 22-2 (ref [7]).

Also, it is to be noted that the biomedical equipment, supplied by DCIEM, already
incorporated shock hazard protection. Figure 2 shows how the test subject was
isolated from any direct/indirect source using the isolation amplifiers and DC/DC
converters.

(2) Egression and/or Ejection of the Test Subject: All equipment located in the rear
cockpit, including biomedical units, measurands attached to the test subject, mounts to
support the camera and the visual cue system and the arm rest, was required not to
obstruct the egression or ejection of the test subject in case of emergency.  Therefore,
since some of the biomedical measurands were directly attached to the test subject,
unique ejection and egress procedures had to be developed by AETE, practiced (a
minimum time-to-egress had to be met) and understood before the test subject could
be cleared to fly; and

(3) ElectroMagnetic Compatibility (EMC) Testing: Due to the presence of new
equipment in the aircraft a thorough EMC test had to be performed on the plane to
ensure that a minimum of interference would be caused by its integration.



Figure 2 – Isolation of the Push-Pull Test Subject
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PUSH-PULL FLIGHT TEST PROFILE & DATA ACQUISITION

Flight Test Profile:  To conduct this IFR program, a total of 16 test subjects were used.
The test subjects consisted of 5 volunteers from DCIEM (four (4) of which were non-
aircrew personnel) and 11 jet aircrew military personnel from the Canadian Forces Base
(CFB) Cold Lake. To prepare these test subjects for this IFR, each of them had extensive
training on the experimental procedures in the DCIEM human centrifuge in Toronto,
Canada. These procedures were based on well-established methods used in acceleration
research (ref [10]) and were approved by the DCIEM’s Human Ethics Committee (HEC)
and AETE’s Safety Review Board (SRB). After their training in the human centrifuge,
the test subjects were ready to participate in the IFR program. Figure 3 graphically shows
the sequence of 3 phases of Gz levels performed during the IFR. The same type of
profiles were performed in the centrifuge with the exception of the negative Gz which

Figure 3 – Push-Pull Typical Test Profile

can not be reproduced in DCIEM’s centrifuge. As shown in this figure, Phase I (Push)
indicates the profile for the low Gz ranging from +1.4 to –2.0 Gz (in 0.5 Gz steps) after
an onset rate of –2 Gz/sec and stabilizing the aircraft at the target Gz level for a
maximum 5 sec duration. This maximum 5 sec duration flight is due to the fact that the
CF188907 aircraft’s negative-G baffles in the feed tanks provides limited fuel supply
during -Gz or inverted flight. The second phase, Phase II (Transition), represents the Gz
transition period and utilizes approximately a 2 Gz/sec onset rate. Finally, Phase III
(Pull), ranged from +2.0 to +6.0 Gz in 0.5 Gz steps and duration lasted approximately 15
sec after stabilizing the aircraft at the target Gz level.  During two successive profiles, 1.5
minutes were allowed for the test subject to restore baseline blood pressure status and re-
calibrate the blood pressure unit as indicated earlier. Also, this elapse time allowed the
pilot and the FTCR personnel to prepare for the next profile. Ref [11] provides more
information on the exact aircraft manoeuvre and flight test techniques.



Data Acquisition and Real Time Analysis:  The profile flight described above was
performed at PLER. As mentioned earlier, all the data including digital video was
telemetered real time to the PLER TM station and rebroadcasted real time to the FTCR
for analysis. In the FTCR, an AETE Flight Test Engineer (FTE) acting as the mission
controller and two (2) DCIEM biomedical research scientists could monitor, using strip-
charts, video monitors and LORAL 500 computer displays, the data from the different
biomedical measurands attached to the test subject and see the facial expression of the
test subject as the Push-Pull manoeuvre was performed. Therefore the DCIEM scientists
could abort a profile if they felt that the test subject was going to G-LOC. After each
profile, the subjects assessed their most severe visual effects from Gz exposure using the
6 category rating: Clear, Slightly Dim, Dim, Slightly Grey, Grey or Very Grey (refer to
[12]).

PUSH-PULL IFR’s PRELIMINARY RESULTS

Each test subject performed different test flight profiles, varying the Gz levels during
phases I and III (see figure 3). A history of each test subject was plotted with respect to
their different profiles (ref [12]) in order to evaluate their Gz tolerance. As expected and
as recorded in the human centrifuges (ref [6]), the greater the level of +Gz exposure in
Phase III of the Push-Pull profile the more predominant were the visual symptoms effect
on the test subject. Moreover, the +Gz tolerance of Phase III decreased as the Phase I
Gz’s was decreased (i.e. greater –Gz). However, this pattern was not as drastic for all the
test subjects. For some test subjects, the Gz tolerance decreased by +2.0 Gz from one
profile to another one. For other test subjects, the Gz tolerance only decreased by +1.0 Gz
between profiles. On average, the decrease in Gz tolerance for the 16 test subject was
approximately 1.3 Gz as reported in ref [12]. Also, as mentioned in ref [12], similar mean
Gz tolerance reduction s (1.2 Gz) were measured in centrifuge testing which tends to
confirm the validity of the centrifuge data. Note that the above preliminary results are
based on the visual effects experienced by the subjects during flight. The biomedical
scientists at DCIEM are performing all the data reduction of the non-invasive
physiological measurements gathered by AETE and will report on the results in the near
future.

CONCLUSIONS

The biomedical instrumentation of a CF-18 fighter aircraft was performed to
accommodate flight test measurements of the Push-Pull Effect on the human body. The
integration of all the biomedical transducers had to be performed in such a manner to
minimize any impact on the safety of the test subject and the pilot which included the
utilization of devices having isolation characteristics meeting set standards and other
safety mechanisms such as quick disconnect connectors . Real time video telemetry was
necessary for such a research project in order to monitor the test subjects facial



expression in advance of possible G-LOC during flight. The test subject’s biomedical
measurands also had to be monitored real time (telemetered) for safety purposes. The
lack of space in the aircraft made the design of mounts and brackets to support the
biomedical instrumentation a real challenge. Finally, meticulous design considerations
were taken to minimize EMI and therefore provide valid data. With respect to this data,
the preliminary results seem to be consistent with the human centrifuge’s testing
performed by DCIEM scientists (ref [12]). Thus, this IFR might confirm the validity of
the centrifuge’s data compared to the Push-Pull phenomenon in an aircraft and therefore
would allow future work to be carried out in human centrifuges. In the future, it is
believed that the pilots will be protected from the Push-Pull effect with new G-Suit
pressure schedules. DCIEM proposed in ref [13] that a micro-processor controlling an
anti-G valve could deliver the correct amount of pressure to the pilot’s G-suit in response
to continuously monitored +Gz levels, therefore protecting him/her from G-LOC and a
potential crash.
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A NEW MINIATURE DATA ACQUISITION SYSTEM
FOR F-16 FLUTTER AND LOADS TEST AIRCRAFT
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ABSTRACT

The USAF SEEK EAGLE office, which has responsibility for all Air Force aircraft –
store compatibility/certification activity is located at Eglin AFB FL. Two Eglin F-16
aircraft, primarily used by the SEEK EAGLE office for flutter and loads testing, recently
underwent major instrumentation upgrades. This paper presents a comparison between
the previous, pre-mission labor intensive analog FM-FM/low speed data acquisition
system and the new miniature data collection system, referred to as Mini Common
Airborne Instrumentation System (MCAIS), including PC work station compatible digital
recorders. Issues concerning existing flight test aircraft instrumentation compatibility,
commonality, installation design considerations, data supportability, reduced manning
automated preflight data validation, low cost PC work station and data reduction are
discussed.

NOTATION AND UNITS

AATIS.  Advanced Airborne Test Instrumentation Systems
mCAIS.  Miniature Common Airborne Instrumentation System
pDAS.  Programmable Data Acquisition System
FM.  Frequency Modulation
PCM.  Pulse Code Modulation
PC.  Personal Computer
LRU.  Line Replaceable Unit
EPROM.  Erasable Programmable Read Only Memory
LVDT. Linear Voltage Differential Transmitter
MARS II.  Modular Airborne Recording System

INTRODUCTION

The Instrumentation Division specified minimum performance limits, procured, and
integrated a new miniature data collection system into two F-16 aircraft in support of the
Air Force Seek Eagle Office (AFSEO), located at Eglin AFB. It is AFSEO’s mission to
provide the USAF with increased combat capability through aircraft store certification,



compatibility, ballistic accuracy and flight clearance recommendations. This paper
presents a comparison between the previously installed, labor intensive pDAS and the
new miniature data collection system referred to as Mini Common Airborne
Instrumentation System (MCAIS). Insight is provided into the initial use of the new all
digital flutter/loads instrumentation architecture. Issues concerning obsolete technology,
flight test aircraft CAIS compliance, commonality, installation design considerations,
data interchange, reduced manning, automated preflight data validation and low cost PC
workstation data reduction are discussed.

BACKGROUND

Lockheed-Ft Worth, previously instrumented two Eglin F-16 aircraft for flutter and loads
testing. The initial instrumentation system (see Figure 1) for each aircraft consisted of
two Base Ten Systems Inc. programmable Data Acquisition Systems (pDAS) and
FM/FM systems. The Pulse Code Modulation (PCM) outputs from the two pDAS
systems were telemetered via individual S-Band transmitters and recorded on an analog
recorder onboard the aircraft.

PDAS is a modular family of instrumentation LRU’s for the acquisition and processing
of analog and digital signals into a PCM bit stream. The primary building block of pDAS
is the Data Collector which provides, under user programmable EPROM memory
control, timing and control signals to the other system units. System capabilities are as
follows:

• Programmable Bit rates 5K – 800K bps limited to 10 or 12 bits/word
• 4K EPROM memory for up to four externally selectable programs
• Hardware programmable gain and offset capability
• One 1553 mux bus per Type III Digital Signal Conditioner
• Four Type III conditioners per pDAS collection system
• 32 analog input channels per Analog Signal Conditioner
• 10 bit A/D conversion

Two pDAS systems were required due to the number of parameters required and the
resulting bandwidth versus record time limitations. In addition, a frequency modulation
(FM) subsystem was installed to collect data that required a higher frequency response
than pDAS.

Each aircraft pDAS installation consisted of two pDAS Data Collectors, two pDAS Type
IIA digital conditioners (synchros, LVDTs), three pDAS Type III digital conditioners
(1553 mux) and eight analog conditioners (strain gages, accelerometers). The two pDAS
systems were installed in the Ammo Bay in each of the two F-16 aircraft. pDAS system
#1 was used primarily for load parameters. pDAS system #2 was used primarily for
flutter parameters.



pDAS Limitations. PDAS provided limited capability when compared to data collection
systems that are available today. Its parallel architecture required multiple sets of wires
for box-to-box communication. Also, multiple boxes were required due to system
architecture. Additionally the pDAS manufacturer stopped producing and/or maintaining
components in 1988, thus making the system obsolete. In short, mid 1970’s technology
and substantial manpower were being used to meet next century performance
requirements.

pDAS Disadvantages. PDAS instrumentation was very labor intensive and time
consuming. The preflight required on average 3 to 5 men and 4 to 8 hours per aircraft.
The aircraft ammo bay cover panel had to be removed on every preflight to gain access to
the analog conditioners for offset and gain adjustment and to verify (using an
oscilloscope) the analog signal from each transducer located in/on the wings of the
aircraft. When a new format was required, EPROM’s had to be physically removed from
each pDAS box, erased and then reprogrammed. Due to the number and size of pDAS
LRU’s, their installation was limited to the ammo bay compartment. As a result, large
wiring harnesses had to be added to the wings and aircraft fuselage. Where wire could not
be added, and due to insufficient space at the weapon stations, signals had to be FM
multiplexed and then demultiplexed and interfaced to the pDAS system. Overall system
bandwidth limited the number of parameters which could be sampled by the system
causing aircraft reconfiguration on daily mission requirements.

SOLUTION

It was the goal of the Instrumentation Division to purchase a new system that would
simultaneously monitor all parameters for both flutter and loads testing and incorporate
an all new digital calibration, recording, and preflight verification method. The new
system was required to be interoperable with the existing inventory of Advanced
Airborne Test Instrumentation System (AATIS) and the Common Airborne
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Instrumentation System (CAIS) hardware. The new system was to provide a low cost
solution, at least 35% cheaper than the existing AATIS or CAIS equivalent system,
combine multiple functions per channel, be 80% smaller than existing pDAS, AATIS,
CAIS units and be operational within a year from procurement. A further goal was to
have the system integrated with the Test Information Management System (TIMS) thus
eliminating the requirement of retraining personnel on new support equipment/software.
Preflights would have to be reduced to one hour with no hardware reconfiguration
required for change of offsets and/or gains, and be limited to a minimum of two preflight
personnel. All goals were met or exceeded with the Miniature Common Airborne
Instrumentation System (MCAIS) integrated with the TIMS automated programming and
data limit checks, and the total digital recording with the MARSII digital recorder.
MCAIS is a time-division multiplexed digital data acquisition system. The system is a
family of modular components which are interconnected via a four wire serial
communications bus (CAIS / AATIS bus). The inherent modular architecture is
equivalent to that of AATIS or CAIS allowing individual units to be centrally or remotely
located throughout the test aircraft. Figure 2 depicts a system level block diagram.

MCAIS SYSTEM OVERVIEW
FIGURE 2

Miniature Analog-Discrete Data Acquisition Unit (MiniADAU). The
miniADAUoperates as a remote unit on the CAIS / AATIS bus. The MiniADAU contains
its own internal power supply and operates from a nominal 28 VDC source, and is
programmed over the CAIS / AATIS bus. The MiniADAU supports high speed and
digital sampling rates up to 417 KSPS as well as simultaneous sampling that allows
multiple channels to be captured at the same time. The functionality of the MiniADAU is
customized by the addition of up to 8 user selected Signal Conditioning Cards (SCC). In
the MiniADAU, signal conditioning functional blocks (i.e. filtering, gains, simultaneous
sample) are combined on a per channel basis, thus eliminating the need for interconnects
between cards. The MiniADAU provides 12 bit A/D resolution, programmable gain of up
to 2000 per channel, programmable offset, and provides for .1% to .5% accuracy
(depending on gain and temperature).

Bridge Signal Conditioning Card (BSCC). The BSCC provides six channels of bridge
conditioning and two excitation sources per card. The functionality of the card was
derived by combining functions and technology from several ADAU signal conditioning
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cards (SCC) onto a single card on a per channel basis, thereby eliminating the need for
interconnects between multiple cards to produce a signal conditioner channel. The BSCC
combines filtering, gain, multiplexing, simultaneous sampling, autozero, and 1/3
attenuation on a per channel basis. With the combined functions and 1/3 attenuation, the
BSCC is also suitable for general purpose analog signal conditioning.

Discrete Signal Conditioning (DSCC). The DSCC provides 32 channels of single ended
discrete inputs and one 32 bit asynchronous serial input. The functionality of the card was
derived by combining functions and technology from several ADAU SCC’s onto a single
card. One group of 16 bits can also be configured as 8 differential discretes. Discretes can
be either 28 VDC/Open or Open/GND type.

Piezo Electric Signal Conditioner Card (PSCC). The PSCC provides six channels of
signal conditioning/excitation per card. The PSCC combines filtering, gain, multiplexing,
simultaneous sampling, and autozero on a per channel basis.

LVDT Signal Conditioner Card (LSCC). The LSCC provides four channels of signal
conditioning per card. The LSCC combines full wave rectification, filtering, gain,
multiplexing, simultaneous sampling, and autozero on a per channel basis. The output of
the LSCC is a time varying DC voltage that is proportional to the input AC amplitude and
phase.

The Calibrator Signal Conditioner Card (CSCC). The CSCC provides six channels of
analog stimulus and six calibrator enable outputs per card. The analog outputs are
selectable as either AC, DC, or AC with DC offset on a per channel basis. The CSCC
allows users to provide a known stimulus (either AC or DC) to Analog Signal
Conditioning Cards to use as a P-BIT or health status of the SCC.

The Miniature System Control Unit (miniSCU). The miniSCU operates as a Bus
Controller Unit on either the Common Airborne Instrumentation System (CAIS) or the
Advanced Airborne Test Instrumentation System (AATIS) bus. The miniSCU contains
its own internal power supply and operates from a nominal 28 VDC source. The
miniSCU is used in small system applications with PCM output rates from 125 KBPS to
5 MBPS. Up to 16 different formats can be programmed into its 32K word format
memory. Each format is user selectable through an external interface. The controller
simultaneously provides primary PCM as NRZ-L, RNRZ-L, and BIØ-L outputs. The
miniSCU controls the miniSeries and CAIS/AATIS Bus compatible data acquisition units
(DAU) contained in the instrumentation system, collects data from these DAUs and
formats the data into an output PCM stream for both telemetry transmission and
recording.



MARS II Recorder. The MARS II is a hostile-environment, modular, digital
recorder/reproducer system, with the capability to record(up to 40 Mbps aggregate) and
reproduce eight (8) completely asynchronous channels of PCM data or dual redundant
MIL-STD-1553 data and two auxiliary channels (IRIG Code and Voice). Data is
recorded on a computer peripheral storage device (DLT 7000). Data stored in the DLT
7000 tape can be digitally processed by any PC.

Test Information Management System (TIMS). The 46 TW/TSI specified and
integrated requirements of MCAIS units into the TIMS architecture (see figure 3). The
original intent for the creation of TIMS was to provide flight test engineers with utilities
for creating programs that instruct the control unit and any programmable remote units
what data to collect and how to format it for recording or telemetry purposes. TIMS
provides the capability to define the instrumentation network consisting of control and
remote units, design PCM formats using a spreadsheet-like application, and automatically
generates program load modules which it then loads into the aircraft instrumentation
system. Using the same PCM format layout, TIMS generates the program which allows
the user to decommutate and display the test results. Outputs can be displayed as raw test
data or in engineering units as line graphs, bar graphs, or values. TIMS offers a wide
range of capabilities, ranging from defining how test data is processed, how the test data
is displayed, and on into digital recording and playback. The capabilities include standard
analysis reports and an interface to a PC based statistical analysis tool. Once test data has
been recorded, the flight test engineer can initiate a request that specifies time slices and
parameters of interest, and frequency of output in samples per second. The output of this
job can be in the form of a printed report, a file that can be imported into Microsoft
Excel, or a binary format that can be processed by other analysis programs. TIMS
comprehensive support capabilities simplify complex tasks and saves substantial
development time while reducing keyboard entry errors.

New F-16 Flutter and Loads System Architecture. The new instrumentation system
(see figure 4) provides for simultaneous monitoring of flutter and loads parameters,
greater than 480 analog channels, greater than 96 discrete signals, as well as over 32
channels of LVDT and synchro parameters. Digital MIL-STD-1553 data monitoring is
accomplished on 7 busses and is collected in both selective and total bus mode. Data is
simultaneously recorded and transmitted at a 3.33 MBS rate. The CAIS / AATIS
compatible architecture has reduced the number of wires required from 48 to four per
wing . The small MiniADAU’s are installed in the launcher racks and pylons, thus further
reducing the amount of wiring and aircraft downtime required. In addition, multiple
function SCC’s eliminated the requirement for separate unique signal conditioning.
GAIN and offsets are software programmable thus eliminating the need to open aircraft
panels to gain access to the units. Flexibility within the MiniSCU’s 32K of memory
allows eight times the amount of memory as compared to the previous system and affords
bit rates of greater than 6 times that of pDAS. System resolution also benefited from the



new system 12 bit A/D versus 10 bit A/D, and sampling of 16 bits per word. Data
recording has improved from a maximum record time of two hours to six hours and an
increased bit error rate from 1 E-6 to 1 E-12. Digital calibration allows for simultaneous
activation of all channels for an automated preflight go/no-go determination.

Figure 3. Example TIMS Data Flow

TIMS Quick Software Decommutation. Integration of MiniCAIS components in the
TIMS architecture has allowed for existing software to be utilized for real time preflight
verification utilizing the Graphical User Interface (GUI) to display data in engineering
units and to perform automatic data limit checks on critical mission parameters. Software
decommutation capability has additionally allowed for data quick look on a PC without
the requirement of a telemetry front end. Data interchange between ground reduction
facilities allows for transfer of parameter information to the data analyst in a digital
format. Utilization of TIMS has allowed for simultaneous monitoring of multiple
parameters thereby reducing preflight and calibration time.

CONCLUSIONS

The successful F-16 Flutter/Loads flight test program has demonstrated the clear benefits
of the MiniCAIS system. It is a first step towards extending the usefulness of existing
instrumentation data system equipment by introducing new technology while retaining
compatibility. Without a doubt, the key elements that made this project successful were a
clear set of goals, a stable set of requirements, and a clear understanding of existing
limitations. MiniCAIS, when used in conjunction with TIMS, is a powerful and effective
solution especially in today’s reduced manpower, cost conscious flight test environment.
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Coded Orthogonal Frequency Division Multiplexing
for the Multipath Fading Channel

Kenneth Welling
Brigham Young University

ABSTRACT

This paper presents a mathematical model for Coded Orthogonal Frequency Division
Multiplexing (COFDM) in frequency selective multipath encountered in aeronautical
telemetry. The use of the fast Fourier transform (FFT) for modulation and demodulation
is reviewed. Error control coding with interleaving in frequency is able to provide reliable
data communications during frequency selective multipath fade events. Simulations
demonstrate QPSK mapped COFDM performs well in a multipath fading environment
with parameters typically encountered in aeronautical telemetry.

KEY WORDS

COFDM, OFDM, Multicarrier Modulation, MCM, Modulation, Error Control Coding,
Multipath fading.

INTRODUCTION

Orthogonal Frequency Division Multiplexing (OFDM) is a method of data modulation
that has gained more attention with the development of faster and more efficient signal
processing technologies and components. OFDM is used in the European digital audio
broadcasting (DAB) standard, and several DAB systems proposed for North America are
also based on OFDM [1]. OFDM is in class of modulation techniques known as
Multicarrier Modulation (MCM), and refers specifically to transmission in a wireless
environment. In a wired environment such as Asymmetric Digital Subscriber Lines
(ASDL), Multicarrier Modulation is usually referred to as Discrete Multitone (DMT).

OFDM has been developing for more than thirty years. As its name suggests, it is a
method of Frequency Division Multiplexing, but the orthogonality of the carriers allows
their individual spectra to overlap, resulting in efficient bandwidth usage along with some
other desirable properties such as multipath and echo immunity. Immunity to multipath
fading make it very interesting to military telemetry. Virtually any modulation scheme
can be used along with OFDM, depending on the desired number of bits per symbol. Two
common mappings are differential phase shift keying (DPSK) which is appropriate for



low data rates and requires no channel estimation, and quadrature amplitude modulation
(QAM) which is more spectrally efficient but requires estimation and tracking of the
fading channel [1].

This paper presents an overview of OFDM, a discussion of the principle of orthogonality
and how the guard band is implemented to achieve subcarrier orthogonality, and explains
how the discrete Fourier transform (DFT) can be used for OFDM modulation and
demodulation. The two-ray multipath fading model is presented, the error control coding
and equalization for the system are described, and the results of simulations to determine
COFDM performance are presented and discussed, followed by the conclusions.

OFDM OVERVIEW

OFDM is a wideband modulation method that divides the available bandwidth into
multiple subchannels to take advantage of the benefits possessed by a wideband signal

under multipath fading. Figure (1) presents a diagram of a conceptual method for
generating OFDM. The carriers φn(t) can be thought of as sinusoids or exponentials of the
form
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spaced W/N Hz apart, where W is the available bandwidth. Each carrier is scaled by a
complex constellation value xn,m from the input data; the subscript n corresponds to the
index number of the carrier, and m is the index of the entire OFDM symbol, or frame. For
a continuous transmission, m is an integer, m∈(-∞,∞). The constellation points most
commonly come from M-ary Quadrature Phase Shift Keying (QPSK) or M-ary
Quadrature Amplitude Modulation (M-QAM), but almost any mapping will work. The
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Figure (1)  Conceptual method of OFDM symbol creation.  All of the
operations in the shaded box can be replaced with the inverse DFT.
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scaled carriers are then summed to yield the time waveform to be transmitted over the
channel,

∑
−

=

−=
1

0
, )()(

N

n
nmnm mTtxts φ .

An infinite sequence of OFDM symbols or frames is a juxtaposition of all the individual
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Since φn(t) is a rectangular pulse modulated on the carrier frequency kW/N, OFDM is
commonly viewed as having N subcarriers, each carrying the lower symbol rate
ROFDM=Rs/N. Note the symbol rate of each subchannel is the rate at which OFDM
symbols or frames are sent.

ORTHOGONALITY AND THE GUARD BAND

The key to bandwidth efficiency is the orthogonality of the carrier waveforms. In a
normal frequency division multiplexing (FDM) system the carriers are separated by a
guard band to allow them to be received and demodulated through conventional filtering
procedures. These guard bands result in a lower spectral efficiency. If the carriers are
mathematically orthogonal, they can be arranged so that their sidebands overlap while
still allowing reception without interference from adjacent carriers (or intercarrier
interference, ICI). Guard bands turn out to be essential in maintaining carrier
orthogonality in OFDM, but the guard band is implemented in a manner different from
normal FDM.

The OFDM receiver is a bank of demodulators, translating each carrier down to baseband
and integrating over one symbol period to recover the raw data. If carriers other than the
desired carrier all mix down to frequencies that have a whole number of cycles in the
symbol period (τ), then they will integrate to zero over the symbol period. Thus, the
carriers will be linearly independent, or orthogonal, if the carrier spacing is a multiple of
1/τ. Mathematically, a set of functions will be linearly independent, or orthogonal if [12]
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where * denotes the complex conjugate. There are many sets of orthogonal function, the
most famous of which are the complex exponentials which form the basis of the Fourier
transform [5]:
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Applying the orthogonality principle in Equation (4) to these functions, we can use the
fact that p and q are integers to show that they are indeed linearly independent. Their
orthogonality makes them good candidates for OFDM transmission and suggests the
discrete Fourier transform (DFT) as a viable method for generating the transmission
waveform.

guard active symbol

Cyclic extension in the time domain

Tg Ts = N/W

T

Figure (2) Method for implementing the guard band, creating a cyclic extension of the OFDM symbol.

The only obstacle to using the DFT for OFDM waveform generation is the non-periodic
nature of the time domain signal, which can be overcome by adding a guard interval [6]
of length Tg, comprised of a copy of the last Tg seconds of the active symbol prefixed to
the symbol [7], as seen in Figure (2). This is often called a cyclic prefix because it makes
the OFDM symbol appear periodic to the receiver. The received signal then approximates
the transmitted signal cyclically (circularly) convolved with the channel impulse response
[5], [1].

The length of the guard band must be limited to realize bandwidth efficiency, yet it must
be longer than the impulse response of the channel to ensure subcarrier orthogonality and
eliminate Inter-Symbol Interference (ISI) and Inter-Carrier Interference (ICI). These
benefits generally outweigh the loss in spectral efficiency and SNR due to guard band
insertion. To illustrate this, it can be observed that the transmitted energy increases with
the length of the cyclic prefix Tg, while the received and sampled signal remains the
same. The transmitted energy per subcarrier is
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 and according to Edfors [1], the SNR loss due to the discarded cyclic prefix in the
receiver is
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The longer the prefix, the larger the SNR loss. Typically the relative length of the cyclic
prefix is kept small, and the ICI- and ISI-free transmission motivates the SNR loss (less
than 1dB for Tg/T<0.2).

THE DISCRETE FOURIER TRANSFORM

Three primary methods for separating carriers in OFDM have been evaluated during its
development [3]. The earliest two used actual filters to separate the bands, and suffered

(6)



from the difficulty of implementing filters with sharp band edges. The third and most
promising method, as first proposed by Weinstein and Ebert [6] uses baseband
processing, wherein both transmitter and receiver can be implemented using the discrete
Fourier transform (DFT) [9], [5].

Each carrier in the OFDM system can be written in the form
tfj

mnmn
cexts π2
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where xn,m is the complex magnitude corresponding to the nth subcarrier in the mth
OFDM symbol and is nonzero over the time period (m-1)τ<t<mτ, where τ is the symbol
period. This allows us to rewrite Equation (2) as the complex continuous time average of
the carriers in Equation (7) for a given m:
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with f0 as the base frequency and ∆f as the subcarrier spacing. Without loss of generality,
let f0=0. Substituting for fn and sampling Equation (8) at a frequency of 1/T results in
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It is convenient at this point to take N samples over the period of one data symbol,
yielding the relationship τ=NT. Comparing Equation (9) to the general form of the
inverse DFT

∑
−

=







=

1

0

/21
)(

N

n

Nnkje
NT
n

G
N

kTg π

,

we see that the complex function xn,m of n is no more than a definition of the signal in the
sampled frequency domain, and s(kT) is the time domain representation. Due to the
relationship between the Fourier transform and the discrete Fourier transform
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which is the same condition as required for orthogonality in Equation (5). Thus, by
maintaining orthogonality the OFDM signal can be defined using the Fourier Transform.

The ability to use the DFT is important for two reasons. First, the DFT is a variant on the
normal Fourier transform where the signals are sampled and thus periodic in both the
time and the frequency domain. This avoids storage and aliasing problems that result
from signals with an infinite spectrum or that are not time-limited. This transform
conveniently goes along with our guard band insertion which makes each OFDM symbol
appear periodic, allowing us to assume circular convolution with the channel transfer
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function. The second benefit from using the DFT is that it can be calculated cheaply and
easily using the fast Fourier transform (FFT).

A block diagram of the OFDM system evaluated in this paper is shown in Figure (3),
with the IFFT performing the operations in the shaded area of Figure (1). Input data is
mapped using virtually any common M-ary modulation scheme, after which the real and
imaginary components of the signal are split and separately encoded with a rate ½
convolutional code. A block interleaver [10] functionally performs an interleaving of the
carriers (known as interleaving in frequency), and the IFFT block creates a time domain
waveform with the exact frequency content specified by the carrier weights. After the
cyclic prefix is added to the OFDM symbol, it is transmitted through the two-ray
multipath fading channel and Additive White Gaussian Noise (AWGN) is added. After
the cyclic prefix is removed from the OFDM symbol, equalization and the FFT are
applied. The bins of the FFT of the time domain signal correspond to the carrier weights,
which are subsequently de-interleaved, decoded with the Viterbi algorithm, and un-
mapped to give an estimate of the original data stream. A two-ray model of the multipath
fading channel, and the encoding and equalization are explained in more detail in the next
two sections.

TWO-RAY MULTIPATH FADING MODEL

Multipath propagation is the primary cause of fading for normal radio signals. Multipath
propagation results when delayed copies of the desired signal arrive at the receiver;
fading occurs when the delayed copies arrive out-of-phase with the main signal
component. These delayed copies are typically reflections from fixed terrain features
such as trees, mountains or buildings, and from mobile objects such as people and
vehicles, and even the ionosphere. Since the delayed copies have an angle of arrival
different from that of the main component, directional antenna gain patterns reduce the
interference from reflections [8], but this is not always enough.

The typical impulse response for a channel with a single reflection will have the form

)()()( τδδ −Γ−= ttth

where Γ is the (complex) attenuation of the reflection and τ is the delay relative to the
main component. The Fourier transform of the impulse response is

(11)

Figure (3)  Block diagram for OFDM modulation and demodulation using the FFT.
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The amplitude and phase of the frequency response of a null at baseband is plotted in
Figure (4), where the phase Γ of the reflection varies with the geometry of the channel
environment. Notice that some frequencies will be enhanced, while others will be
attenuated. If receiver and all other objects affecting the system are stationary, and if the
desired signal is relatively narrowband and falls into the portion of the band with
significant attenuation, then there will be flat fading and the reception will be degraded.
When there is movement, the distortion for a narrowband signal is usually minimized if
the bandwidth is less than the correlation bandwidth of the channel, yet there is still a
significant chance of severe attenuation. On the other hand, if the desired signal occupies
a wider bandwidth, wider than the correlation bandwidth of the channel, it will be subject
to more distortion. But because of the wider bandwidth, the variation in total received
power will be less, even for significant levels of multipath interference [5].

CODING AND EQUALIZATION

Using OFDM on the two-ray multipath fading channel model creates a scenario where a
null will wipe out only a subset of the transmitted symbols, provided the number of
channels N is sufficiently high and the null is sufficiently narrow. Applying error control
coding, the C in COFDM, allows for the possibility of recovering all of the symbols. The
optimal rate ½ convolutional codes with constraint lengths K = 3 and K = 4 [10] were
implemented in the COFDM system. The use of a rate k/n convolutional code means that
k input bits produce n output bits; in our case there are two output bits for every one input
bit. In order to maintain the same information rate over the channel without changing the
transmitter power, the input bit rate must increase by a factor of n/k. This decreases the
power per symbol, i.e. the signal to noise ratio (SNR), effectively decreasing the
performance by the same factor. The benefits from making the transmitted symbols co-
dependent more than makes up for the loss. By coupling convolutional coding with
interleaving in frequency, adjacent symbols that are smeared by a null are co-dependent
with symbols that may have had a high SNR, and the effect of the null is spread across
many symbols. Following convolutional coding and interleaving with the Viterbi

(12)
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Figure (4)  Frequency response of null with τ = 50 ns, Γ=0.7ejπ/2.



algorithm with soft-decision decoding in the demodulator allows the system to use the
symbols with high SNR to help recover the symbols with low SNR. As we shall see, the
resulting bit error rates from this system can be very acceptable.

Channel estimation for the system is very simple. A single known OFDM symbol is
transmitted, whereupon the receiver calculates the inverse channel filter by subtracting
the phase of the received frequency response (signal plus AWGN) from the known
OFDM symbol frequency response (estimation and equalization can be performed
entirely within the frequency domain). The accuracy of the estimate is dependent on the
SNR of the channel. The magnitude of the null can also be estimated using this method,
but incorporating the magnitude information into the equalizer destroys the channel state
information (CSI) used by the soft-decision Viterbi decoder. This greatly decreases
system performance.

The upper bound on the bit-error-rate performance of the Viterbi decoder over the
AWGN channel comes from [10]
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where bd is the total number of nonzero information bits associated with the code words
of weight d. These values are enumerated by Odenwalder [11] for eight values of d. This
is the equation for the theoretical bound plotted along with the performance curves from
the simulations (Figure (5)).

RESULTS

The simulations in this paper are for a bit rate Rb = 107 bits/sec; QPSK mapping creates
the constellation points yielding symbol rate Rs = Rb/2. This gives an OFDM symbol
period TO = 1/RO = 51.2 µsec for N=256 carriers, and TO = 204 µsec for N =1024
carriers. For the multipath model, Rice, et al. [13] found that a typical delay on the
multipath fading channel is 50 ns with a magnitude of Γ = 0.7. A 50 ns delay over the
channel is equivalent to a channel impulse response 50 ns long, so the guard band is a
very small fraction of the OFDM symbol in both cases. The cyclic prefix allows us to
assume ISI-free transmission in exchange for a negligible SNRloss of less than -0.005 dB
as calculated from Equation (6).

The performance of the channel is based on the location of the null within the frequency
band. In a typical telemetry environment the null will ‘sweep’ across the spectrum. The
simulations have assumed the null was stationary, eliminating the need for adaptive
equalization, yet still giving us a worst-case scenario for the performance of OFDM on

(13)



the multipath fading channel. The plot in the upper left hand corner of Figure (5)
illustrates the dependence of channel performance on null phase γ. This plot also depicts
for proper placement of the null, a reflection would arrive at the receiver in phase with
the direct component resulting in enhanced performance.

The remainder of the performance plots in Figure (5) illustrate that regardless of the
location of the null, error-free transmission is attainable. The Theoretic curve, calculated
from Equation (13), gives the bound on the performance of coded QPSK on the AWGN
channel without frequency selective fading. Since there are only eight values of d used in
its calculation, this is a truncated bound, explaining its relationship to the data in the
graph for γ = π/2.  The downward slopes of the performance curves implying the
possibility of reliable communication in the presence of multipath fading is viewed in
stark contrast with the performance of a single QPSK modulated carrier in the presence
of multipath fading. Without the aid of COFDM, multipath fading will cause QPSK to
give a bit error probability of approximately ½, causing the receiver to lose sync and lose
even more data. COFDM allows the transmission to continue uninterrupted through the
null. This increased performance comes because the effect of the null is spread across
multiple subcarriers/symbols from the combination of frequency interleaving,
convolutional coding, and soft-decision Viterbi decoding.

CONCLUSIONS

The two-ray multipath fading model portrays a situation that plagues aeronautical
telemetry. Simple QPSK modulation performs very poorly in the presence of multipath
fading. COFDM provides a viable solution to this performance problem. Advancements
fast Fourier transform (FFT) technology have made OFDM easy to generate, and the
insertion of a cyclic prefix in the guard band permits ICI- and ISI-free transmission. The
combined efforts of frequency interleaving, convolutional coding and soft-decision
Viterbi decoding form subcarrier interdepencies which function to spread the effects of
the null across multiple subcarriers, allowing each symbol to be recovered. Simulations
for various null locations verify that it is possible to get good transmission over the
multipath fading channel.



Figure (5)  The effects of the phase of the null on telemetry transmission. UL: Probability of bit error
as a function of null phase γ for fixed Eb/N0 = 10 dB and no coding. Clockwise from upper right:
Performance of theoretical rate ½ convolutionally encoded QPSK in the AWGN channel without
fading vs. COFDM on multipath fading channel with null phase γ = π/2, 7π/8, 5π/4, π, 3π/4.
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FLEXIBLE SECURE DATA COMMUNICATIONS WITH THE
RANGE ENCRYPTION MODULE

Stan M. Watkins
L3 Communications Corp.

San Diego, Ca.

ABSTRACT

This paper discusses the design, application and flexibility of the Range Encryption
Module (REM) developed by L3 Communications Conic Division for the Range
Application Joint Program Office (RAJPO) located at Eglin Air Force Base in Florida. The
REM is a burst encrypter that utilizes the National Security Agency Thornton CTIC/DS-
101 Hybrid (CDH) encryption algorithm. The CDH device operates under the control of a
Conic-designed digital ASIC. The CDH, ASIC, Power Management and parallel bus
interface circuits reside on a single card within the REM called the Common Encryption
Core (CEC). The REM and CEC card within the REM offer flexibility in many operational
features, as described below.

INTRODUCTION

The REM was developed to address the need for secure communications in range data link
applications. The REM operates in a TDMA network arrangement and interfaces with
COTS data link components in the Metric (AN/ARQ-52) Instrumentation Pod (reference
Figure 1). The instrumentation pod can be carried by any aircraft capable of launching an
AIM-9 (Sidewinder) or AIM-120 (AMRAAM) missile and can be flown on several
ranges. In this application, the REM interfaces with the QUALCOMM Data Link
Transceiver (DLT) and the Metric Personal Computer Advanced Digital Interface Unit
(PC-ADIU).

The REM has two external data interfaces (one Red and one Black) to the data link
components. Each interface can be separately configured to operate using standard R3

parallel, synchronous serial (SDLC) or asynchronous serial communications. An external
1pps source must be supplied to the Red or Black interface for network synchronization;
an internal 1pps is generated if either source is momentarily lost. The REM processes
network messages in half duplex as required by the CDH device which dictates a single
tasking mode of operation in its application.



Figure 1

Traffic encryption keys (TEKs) can be loaded into the REM manually, with a Data
Transfer Device (DTD) through the DS-101 key load interface, or via Over the Air
Transfer (OTAT) messages through the Red or Black data interface.

The key features offered by the REM are OTAT keyloads, programmable interfaces, Black
to Red bypass of header and data, Red to Black bypass of header only, TDMA operation,
data transfer rates up to 2 Mbits/sec with 1 msec guard bands, variable message lengths, a
programmable timer for traffic key zeroization when message traffic has ceased, and
immunity to power transients up to 150 ms.

THE REM

The REM functionality is achieved with the integration of a five-board set: Common
Encryption Core (CEC), Red board, Black board, Power Supply and Mother board. The
REM contains separate Red and Black cards that allow a choice of parallel, synchronous
serial, or asynchronous serial communications interfaces. These cards implement a
majority of the design in FPGA, allowing other interface possibilities with an FPGA



change. At the heart of REM’s design is the CEC, which performs the REM’s
cryptographic functions. The CEC offers flexibility in selection of CDH operating mode,
network synchronization method, and message header bypass length. The CEC
communicates with the Red and Black interface boards through a motherboard. The
REM’s Red and Black power is supplied by a +28 VDC power supply board which
provides MIL-STD-704/461 filtering and internal voltage generation.

The REM electronics are enclosed in a 64 cubic inch aluminum housing weighing 3 lbs.
The input power requirement is +28 volts DC at 1 amp. There are four interfaces: Black
data (J1), Red data (J2), Key Load (J3) and Power/Configuration (J4). The REM has been
extensively tested over environments such as temperature (-55° to +85° C), humidity
(100%), 60g shock and vibration at 6 g RMS. The REM has also been qualified for EMI
(MIL-STD-462) and TEMPEST. The REM has been integrated and tested in the Range
Application Project ground station and instrumentation pod and is in the process of
certification for Top Secret applications.

Figure 2

COMMON ENCRYPTION CORE

The CEC is primarily composed of a digital ASIC, CDH hybrid, PROM and power
management circuits. The digital ASIC is a 250,000-gate device that incorporates an 8032
microcontroller and unique digital logic to achieve cryptographic control and data
management of the CDH device. The ASIC is fabricated with a 0.8 micron CMOS
process. The ASIC is supplied a 60 MHz clock that is divided in half to provide a 30 MHz
clock to all internal components. The ASIC’s primary interfaces are with the CDH, the key
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load interface, and the external interfaces through the Parallel Command and Status Port
(PCSP).

The interface to the CDH controls its operating mode, key selection, cryptographic
operation (encrypts, decrypts, and bypass), and error handling. In the REM, the CDH
operates in Mode C with unique unscrambled ID number initialization, and key selection is
driven by a field in the message header. The Key Load interface to the CDH supports the
loading and zeroization of Master Key Encryption Keys (MKEKs) and Black Traffic
Encryption Keys (BTEKs) from a DTD and the loading and zeroization of traffic keys via
messages. The PCSP interface (PCSPI) is similar in operation to many processor interfaces
and is the conduit to the Red and Black boards for the processing of system and REM
message headers to and from the host system.

Plain and cipher text data is transferred into and out of the ASIC through four 1024 deep
FIFOs. The Red data interface consists of Plain Text Interface (PTI) input and output
FIFOs, and the Black data interface consists of Cipher Text Interface (CTI) input and
output FIFOs.

PROCESSOR FUNCTIONS

The CEC hardware operation is complemented with an 8032 microcontroller that provides
message processing, hardware control, error handling, status reporting, and built-in test
(BIT) functions. The message processing capability handles all incoming message traffic,
and includes the processing of programmable configuration parameters. The
microcontroller software monitors and controls hardware functions such as key selection,
encrypt and decrypt process activation and time out, power loss, and resetting of hardware
elements. Error handling is performed on messages, hardware tasks and software
functions. The detected errors are dispositioned, and reported in the REM status message.
BIT is performed on power up and when commanded. The BIT includes comprehensive
tests of REM hardware and software functions, such as memory (FIFOs, RAM and
PROM), CEC to REM interfaces, and timers.

CEC MESSAGE PROCESSING

The REM message format contains a header, data and checksum, as shown in Figure 3.
The Message Indicator (MI) in the REM header is part of the unique message number used
in the encryption and decryption process. The REM sets the MI when the message is
encrypted, then uses the MI for decryption on the other end of the data link. The control
word contains the key elements for processing message traffic: the sender ID, key group
indicator and message type.



Figure 3

The data field is the only part of the message that is encrypted on an encrypt message. The
checksum is a two’s complement sum of words 1 through the end of the data field.

Black to Red bypass messages do not conform to the REM message structure shown
above. In a mobile configuration, the REM relays unencrypted uplink messages from the
DLT to the PC-ADIU, bypassing the decryption process. The bypass message type is
distinguished by bit 2 in the System Header. If bit 2 is not set, the entire message is passed
from Black to Red host without decryption. If bit 2 is set, the message contains REM
header words, data, and checksum.

The CEC processes REM-formatted messages through three interfaces: the PTI handles
plain text data for the Red host interface, the CTI handles ciphertext data for the Black
host interface, and the PCSPI handles REM header information, which is passed between
the CEC and REM Interface (REMI) hardware. Message data received at the PTI and CTI
is buffered in the respective input FIFO and held until the header is read and acted on and
the message checksum is validated. The CEC processes two basic categories of messages:
“To” and “Through” the REM. The “To” category includes initialization, OTAT, key
zeroization, status and BIT request messages. These messages are read by the
microcontroller and processed internally. The “Through” category includes encrypt,
decrypt and bypass messages. For encrypt and decrypt “Through” messages, the data is
routed through the CDH (encrypted or decrypted) and then transferred to the output FIFO
where it is held until the outgoing header information is ready for transmission out to the
network.

CEC USE IN OTHER SYSTEMS

The CEC is modular in design, which provides for embedment into other systems. Only
requiring power and an interface adapter, the CEC can communicate with an external
processor or to other standard hardware communications devices. The CEC is a 3” x 3.5”
double-sided board with a 3/8” height and the board current requirement is less than 500
ma. The CEC, as with the other boards, uses two wedge locks at either side of the board to
physically secure the CEC in place and provide a path for CEC heat transfer to a housing
or chassis.

Data ChecksumMISystem
Header

Control Word

Unit
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Type
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RED BOARD

The Red board is primarily composed of three Actel 1280 (8,000 gate) FPGAs. The Red
board FPGAs contain the Plain Text Host Interface (PTHI), Plain Text Network Engine
(PTNE) and REMI controller (RC) functions. The PTHI provides the functionality of the
three interface types, R3 , synchronous serial and asynchronous serial. One of these
functions is enabled by selecting the interface type on the J4 configuration pins. The PTNE
is primarily a state machine that performs the message parsing of header and data. The
header is transferred to the RC while the message data is sent to the CEC PTI. The PTNE
also provides an interrupt to the CEC for message start and performs message checksum
validation for received messages and generation for transmitted messages. The RC
manages the incoming and outgoing header data and the PCSP interface with the CEC.
The RC selects the Red or Black 1pps source for network synchronization (based on
configuration pin settings) and generates the 1pps if either source is not present. The PCSP
interface is provided through a 50-pin male motherboard connector (P2) and the Red host
connection is achieved through the 51 pin external male connector (J2).

BLACK BOARD

The Black board uses two Actel 1280 FPGAs and the TEMPEST interface circuits. The
Black board FPGAs contain the Cipher Text Host Interface (CTHI) and Cipher Text
Network Engine (CTNE) functions. These designs provide the same functionality as those
in the Red board with the only difference being the TEMPEST interface between the two
FPGAs. The CTNE interface to the RC is provided through a 30-pin male motherboard
connector (P1) and the Black host connection is achieved through the 51 pin external
female connector (J1).

POWER SUPPLY AND MOTHERBOARD

The power supply will filter and regulate MIL-STD-704E +28 volt dc and provide an
isolated Red and Black +5 volts for the REM electronics. This power along with
configuration signals is bussed through the motherboard to the required circuit boards. The
power supply also provides backup power to maintain configuration and traffic keys
during power interruptions up to 150 ms. The design provides reverse voltage protection
and a switching DC/DC converter which operates from +16 to +50 VDC with a 70%
efficiency rating. The motherboard provides interconnection between the four other boards
in the REM and contains no active circuitry.



THROUGHPUT AND LATENCY

Tables 1 and 2 show throughput and latency times for messages passing through the REM
using the highest data rate interface, Synchronous Serial 2 Mbps, on both Red and Black
interfaces. Timing for the other interfaces is slower. Table 1 shows throughput time,
measured from the first bit/byte into the REM until the last bit/byte out of the REM. Table
2 shows latency time, measured from the last bit/byte into the REM until the first bit/byte
out of the REM. Times are shown for messages of different lengths and with a provision
made for a traffic key change. The entire message is 8 bytes longer than the number of
data bytes shown to account for the 2 byte system header, 2 byte MI field, 2 byte REM
control word field, and 2 byte checksum.

The latency time recorded for the short message with a key change is longer than the time
recorded for the long message with a key change because the key change begins when the
message header has been received, so the key change is occurring while the rest of the
long message is being received. Once the last bit/byte of the long message is received, the
microprocessor is finished with the key change and ready to send data through the CDH
immediately. When the last bit/byte of the short message is received, the microprocessor
must wait to finish the key change before it can begin to send data through the CDH. This
results in a longer time for the shorter message.

Table 1:  Throughput Times for Sync Serial 2 Mbps Interface
Without Key Change With Key Change
2 Bytes

Data
92 Bytes

Data
2 Bytes

Data
92 Bytes

Data
Encrypt 262 µS 950 µS 796 µS 1.150 mS
Decrypt 297 µS 950 µS 832 µS 1.200 mS
Bypass 127 µS 850 µS N/A N/A

Table 2: Latency Times for SS 2 MHz Interface
Without Key Change With Key Change
2 Bytes

Data
92 Bytes

Data
2 Bytes

Data
92 Bytes

Data
Encrypt 85 µS 46 µS 618 µS 256 µS
Decrypt 119 µS 48 µS 463 µS 293 µS
Bypass 15 µS 15 µS N/A N/A

CONCLUSION

The Range Encryption Module provides burst mode secure communications for range
instrumentation applications. The flexible architecture allows easy adaptation to a variety
of ground and airborne applications.
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ABSTRACT

This paper presents the future of optical networking via photonic switches as a potential
replacement for the existing electronic cross-connects. Although optical amplifiers are now
mainstream and wave division multiplexing (WDM) systems are a commercial reality, the
industry’s long-term vision is one of the all-optical network. This will require optical
switching equipment such as all-optical or “photonic” cross-connect switches that will
provide packet switching at an optical layer. Currently, as voice calls or data traffic are
routed throughout Range and commercial networks, the information can travel through
many fiber-optic segments which are linked together using electronic cross-connects.
However, this electronic portion of the network is the bottleneck that is preventing the
ideal network from achieving optimal speeds. Information is converted from light into an
electronic signal, routed to the next circuit pathway, then converted back into light as it
travels to the next network destination. In an all-optical network, the electronics are
removed from the equation, eliminating the need to convert the signals and thereby
significantly improving network performance and throughput. Removing the electronics
improves network reliability and restoration speeds in the event of an outage, provides
greater flexibility in network provisioning, and provides a smooth transition when
migrating to future optical transmission technologies. Despite the fact that photonic
switching remains uncommercialized, it now seems apparent that the core switches in both
the public networks and DoD Range networks of the early 21st century will probably carry
ATM cells over a photonic switching fabric.

KEY WORDS

Photonic Switches, Cross-Connect Switches, Wave Division Multiplexing (WDM), Dense
WDM (DWDM)



INTRODUCTION

In the research and development world, optical networking products have been around for
more than a decade but have had little impact on telecommunications and data
communications for several reasons. These products were expensive, sometimes
unreliable, and it was unclear at the time that anyone needed the high bandwidths and
switch capacities that optical networking had to offer. Today, issues such as the Range
customer’s ever-increasing bandwidth requirements, and the pressure that video and
various other data traffic are expected to place on Range networks and wide area networks
(WANs), is clearly proving that bandwidth requirements will continue to increase
exponentially throughout the foreseeable future. It is not just the telemetry streams and
advanced networking applications that are threatening to clog up the network. It is the
heavy flow of digital traffic from such equipment as telephones, fax machines, PCs and
local area networks (LANs) (email, Internet, and mission data to the desktop) that is an
issue as well.

Fiber-optic networks began carrying traffic approximately 20 years ago. There was a well
published evolution to synchronous optical network/synchronous digital hierarchy
(SONET/SDH), which has provided a strong interface standard that promotes
interoperability, protection mechanisms, network management, and time multiplexing
hierarchy. A number of services are carried over SONET transport systems, including
voice, frame relay and other data services, asynchronous transfer mode (ATM)-based
services, and the Internet.

A major problem with the equipment in today's networks is that it was designed to manage
traffic in the basic unit of a telephone call-64 kilobits per second (Kbps)-while future
traffic growth will be mainly in cell- and packet-based services. Data networking
equipment such as ATM or internet protocol (IP) switches and routers can handle data
traffic much more efficiently than do telephone voice switches. About one-half of the
traffic in the network today is data, but the majority is carried on low-speed channels in
voice switches or SONET multiplexers.

In the laboratory, work continues on the concept of switching not just wavelengths of light
but the individual packets of data transmitted over fiber networks, all of which are now
processed with relatively slow electronic switches. The use of these electronic switches for
fiber-optic data communications networks significantly limits the total processing capacity
or speed of a network. An optical fiber is capable of carrying extremely high volumes of
data-10 Gigabits per second (Gbps) and more. Currently, however, because of electronic
switching limitations, the most popular high volume LAN protocol is fiber distributed data
interface (FDDI), which operates at only 100 Megabits per second (Mbps). Even the
fastest electronic switches are currently capable of processing only about 622 Mbps



through each port. Meanwhile, improvements to optical transmission equipment will
continue to increase the capacity of optical fibers. Since a network cannot effectively carry
any more information than can be processed through its switches, the use of electronic
switches reduces the capacity of a fiber-optic network from multi-gigabits per second to no
more than 622 Mbps. The use of electronic switches in high-speed, high- volume fiber-
optic networks is comparable to building a ten-lane superhighway, interspersed with a
series of one-lane tunnels.

WAVE DIVISION MULTIPLEXING (WDM)

Wave Division Multiplexing (WDM) or Dense WDM (DWDM) is a process in which
different streams of data are carried at different wavelengths across a single strand of
optical fiber. This is in contrast with conventional fiber-optic systems in which just one
stream of data is carried over a narrow bandwidth window.

Five years ago networks that incorporated DWDM were to be found in U.S. and European
government-industry research consortia that were showcasing new technologies. This
heavy-handed engineering term describes networking equipment that has, in the interim,
rescued long-distance carriers such as the telecommunications provider Sprint from a
bandwidth drought. The DWDM systems work in concert with optical amplifiers that can
boost the strength of many wavelengths at once without having to convert the wave back
into an electrical signal.

With this technology, the capacity of in-the-ground fiber can be expanded by simply
adding wavelengths. For Sprint, deploying the multiplexers costs roughly 40 percent of the
$77,000-per-mile expense of adding new fiber. The company uses DWDM on 90 percent
of its 30,000 miles of fiber networks.

In many respects, the further implementation of DWDM in the network simply verifies that
network operators believe DWDM can help them get more out of an optical fiber than
other techniques. Since optical fiber can potentially transmit trillions of bits of information
per second, it makes sense to center the network around a transport technology that
enables operators to more effectively and efficiently use that potential. The DWDM is
increasingly employed when the traffic exceeds the limits of what is economical to
transport with time-division multiplexing.

All of these efforts, however, are temporarily avoiding the inevitable: the complete
replacement of electronic switches and cross-connects with all-optical technology.



PHOTONIC SWITCHING TECHNOLOGIES

Today's digital cross-connects require that the multi-gigabit light waves that are channeled
along fiber networks be converted to lower-rate electronic signals. Optical switching
elements, expected in 1999, will be incorporated into the next generation of DWDM
products. They will allow any wavelength in a fiber to be diverted onto or off a network on
command, unlike current multiplexers, which cannot be reconfigured without a technician
first disabling a fiber circuit. With the use of a piezoelectric material that steers the light
from any number of incoming to any number of outgoing fibers, this new system will allow
immediate restoration of service if a fiber goes down (also known as "backhoe losses").

Some companies have developed an optical switching multiplexer that uses the
polarization state of liquid crystals to add or drop up to 64 wavelengths from a fiber. Other
companies are considering arrays of thousands of microscopic mirrors that can tilt
individually to send a wavelength down a chosen pathway. Alternatively, as previously
mentioned, an electric field applied to certain materials may change the way light is routed.
With yet another approach, called thermo-optics, application of heat to a polymer will
block light from proceeding down one pathway but not another.

Good examples of hybrid switches that are in use today are the Star Switches from Astarte
Fiber Networks. These products use a combination of sophisticated optics and electronics
to perform the switching function. The Star Switch products allow for the configuration of
one group of optical fibers as input fibers and another group as output fibers. The optical
signal from each of the input fibers is focused into a collimated light beam through a lens.
This beam is then automatically directed to the selected output fiber where the receiving
lens focuses the light into the receiving fiber core. Light beams are then directed by the use
of electronically controlled piezoelectric elements. The number of beams, at any time,
equals the number of active communication paths. Signals are switched in less than 150
milliseconds by changing the direction of the light beam from the input fiber to a different
receiving output fiber. Although light beams from different input fibers may intersect, there
is no interference in the transmission of the intersecting beams.

To achieve low insertion loss and to ensure that each beam stays accurately directed,
servo-control mechanisms are used to control and monitor all aspects of the switching
process. This servo-control system eliminates the requirement for manual system
calibration and optical alignment procedures. The servo-control continually checks all
connections to eliminate outside influences of vibration and temperature fluctuations. The
servo-control system operates both sides of the matrix and provides switch telemetry
information to the main processors. The control system locks in fiber positions by
continually verifying the acquisition of a target LED pattern. Switching commands can be
entered by a line terminal, a DOS or Windows-based personal computer program, or with



a network management program like simple network management protocol (SNMP) or HP
OpenView.

CHALLENGES

Significant technical advances have to occur before this becomes a reality. Current
roadblocks that need to be overcome by optical switching researchers include many
factors:

• Lack of economical optical buffering,
• Difficulty of propagating very high-speed signals over significant distances,
• Absence of compact and economical light sources suitable for use in switches,
• Need to reduce loss and increase the ability of optical switches to be integrated to

create large switches, and
• Need to reduce temperature sensitivity of optical switches.

In addition to such tricky problems, another factor for the delay in implementation is the
fact that researchers seem to be travelling in many different directions toward optical
switching and using many different types of exotic materials to build the components from
which such switches will be constructed.

Even if optical cross-connects become universally accepted, telecommunications
specialists see a continuing role for electrons, which may be needed to reshape light pulses
that have attenuated over long distances and in monitoring networks. For example, there's
no way to determine optically the number of bit errors on an all-optical signal.

CONCLUSION

Enterprises are experiencing an unprecedented increase in the volume of WAN traffic.
Growth in the next two years alone is expected to exceed that of the past 20 years.

Photonic switches will avoid the costly burden telecommunications carriers now face-
converting the multi-gigabit stream running on each wavelength into dozens or hundreds of
lower-speed electronic signals, switching them and then reaggregating them onto a single
light channel.

Huge telecommunications equipment companies and start-ups alike are now racing to
develop all-optical switching products. Photonics has even become a basis for regional
economic development. In October 1998, a group that combines the University of Texas at
Dallas, several venture capitalists and major telecommunications equipment suppliers and



carriers, announced the establishment of a Photonics development center based in
Richardson, Texas, intended to attract new companies to the region.
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ABSTRACT

The Instrumentation and Telemetry Departments at Sandia National Laboratories have
been exploring the instrumentation of sealed canisters where the flight application will
not tolerate either the presence of a chemical power source or penetration by power
supply wires. This paper will describe the application of a low power micro-controller
based instrumentation system that uses magnetic coupling for both power and data to
support a flight application.

KEY WORDS
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INTRODUCTION

The Instrumentation and Telemetry Departments at Sandia National Laboratories have
been actively pursuing technology development to support enhanced fidelity
instrumentation (EFI) of flight test vehicles. This means that the instrumentation must be
as non-intrusive as possible, and in no way may the instrumentation affect the operation
of the test vehicle. Some applications in the flight test community require the
instrumentation of components that are sealed in compartments. In keeping with the EFI
initiative, no cable access holes may penetrate the compartment walls, and no batteries
may reside within the compartment without affecting its performance.

Sandia is a multiprogram laboratory operated by Sandia Corporation, a Lockheed Martin Company,
for the United States Department of Energy under Contract DE-AC04-94AL85000.



This instrumentation system is a novel concept based on magnetically coupling power
into and data out of the sealed component. The major technical challenge in the
development is to couple several milliwatts of power and a data signal through a 1/10”
stainless steel barrier, but it may be applied to any nonferrous material. Obviously, the
operating power for the electronics and sensors inside the compartment is severely
limited. A very low power micro-controller based electronics system provides data
acquisition, sensor interface, data formatting, and power management functions. This
technical choice offers the combination of very low power, high circuit integration, and
programmability, allowing sensors and analog processing circuitry to be powered only
when in use. This paper will describe the development and operation of instrumentation
intended for a feasibility demonstration of the remote monitoring capability. The design
and modeling of power coupling, data acquisition, and data transmission systems will be
discussed.

INSTRUMENTATION DESIGN PHILOSOPHY

The primary concern in the design of the data acquisition circuitry was the consumption
of power. To minimize power consumption, three avenues were pursued: (1) electronic
components with low power characteristics were incorporated, (2) a power manager that
switched power to circuits only as required was designed, and (3) signal conditioning
circuitry was shared or multiplexed wherever possible.

To support the data acquisition and power management features with adequate flexibility
for future applications, a micro-controller based design was chosen. The programmability
of the controller allows flexibility in complex power management sequencing, while still
allowing enough flexibility for a wide variety of sensor types. Micro-controller
technology also offers a high level of system integration including digital timers, serial
communication, and analog-to-digital converters. All these functional blocks are useful
for the Sealed Canister Instrumentation (SCI) application and can be acquired in small-
outline circuit packages. The miniature package outline is important to the development
of a system intended to operate in the confines of the sealed canister.

To meet the requirements and to facilitate the measurements, the PIC16C77 micro-
controller was chosen to control the power manager, sequence the acquisition of data, and
communicate the data serially to the data modulator for transmission through the SCI
barrier. (Please refer to the block diagram in Figure 1 for a view of the major system
components.) The power manager, prompted by the micro-controller, switches power to
three distinct circuit groups in sequence to support measurement of analog strain gages,
measurement of temperatures, and modulation of data. Other measurements such as
system voltages are switched in and out directly by the micro-controller. By sequencing
the data acquisition and transmission tasks, operating current is distributed over time to
minimize peak power requirements. The micro-controller itself is timed by a modest



2MHz clock to avoid the power dissipation associated with faster clock rates. Though
strain and temperature gages were primarily used in this experiment, the micro-controller
allows flexibility for a very wide range of sensor measurements.

The block diagram in Figure 1 shows a telemetry interface as a master controller outside
the SCI. This controller communicates the need for a data sample by gating power to the
power coil. An AM detector internal to the SCI interprets this as a sample strobe and
provides a signal to the micro-controller on an interrupt line. The interrupt wakes the
micro-controller from a power saving sleep mode and begins the process of collecting
and processing each data sample.

Figure 1  Block Diagram of Instrumentation Electronics

To collect the data from the sensors, the micro-controller instructs the application of
power to the appropriate sensor and its associated signal conditioning circuitry, followed
by a set of signals indicating which of the sensors out of a multiplexed set to measure. A
brief settling time that may vary for different types of measurements is allowed to expire
before the micro-controller acquires the data. Upon acquisition, the micro-controller can
select the next sensor out of the multiplexed set, or remove power and continue to the
next measurement. The micro-controller can digitize the measurements with its own built
in A/D converter, or communicate serially with other devices that make the measurement.

Upon completion of all measurements, the micro-controller forms a data packet including
frame synchronization words and a checksum for error detection. Power is then applied to
the data modulator as the data is transferred via the micro-controller’s built in UART.
After all the data has been transferred, the micro-controller commands the power
manager to remove power from the data modulator before it enters its sleep mode.



POWER COUPLING DESIGN

The power coupling design task presented for the SCI project involves the delivery of
energy to sensor control and signal conditioning electronics circuitry operating within a
hermetically sealed nonferrous container. A suitable power delivery scheme must be
capable of driving the electronics for an extended period of time and or be capable of
being switched on/off in order to minimize power consumption when the SCI electronics
are not required for acquiring data. The power source must deliver +5VDC @ 3mA
continuous, ±5VDC @ 12mA pulsed (20ms and 1Hz sample rate), and +7VDC @ 7mA
pulsed (20ms and 1Hz sample rate). An acceptable power source should also be self-
contained, small in size, require minimal maintenance, and possess a long stand-time
capability.

A major design constraint placed on the power source is that breaching of the canister
boundary is not permitted. This immediately excludes energy coupling to the internal
electronics through wire or fiberoptics from an external source. A self-contained power
source placed within the canister, such as a battery, would be capable of supplying the
required power; however, a battery is not considered a viable option in this particular
application for several reasons. First, most batteries have a finite stand-time capability
and must be periodically recharged. Second, batteries have a relatively large, albeit finite,
amount of stored energy which is present at all times until it is discharged which is an
undesirable characteristic for the proposed SCI application.

Since the power source must be self-contained within the canister and have minimal
long-term energy storage capability, it is reasonable to conclude that the power source
must be a field-coupled power converter device. One possible approach is to couple
energy magnetically/inductively as with a transformer.

To develop the magnetic/inductive power-coupling source, several observations are
made. First, this particular application will involve the use of a high loss transformer that
has no yoke to assist in magnetic flux guidance between the primary and secondary coils.
Second, a gap will separate the primary and secondary coils by a distance at least equal to
the thickness of the canister boundary. Third, the canister boundary will have an
attenuation factor for the magnetic flux that will be a function of frequency due to eddy
current generation. Fourth, the magnetic flux must be confined to a region near the coils
in order to prevent disruption of any nearby circuitry.

The fact that a high loss transformer will be used is governed by the physics of the
application; however, certain losses can be minimized with the use of a ferrite pot core
around the primary and secondary coils which will assist in magnetic flux guidance. The
use of the pot core will also assist in confining the flux to a region near the coils since pot
cores are inherently magnetically self-shielding. If the coils' axes are coincident or nearly



coincident, then almost all of the magnetic flux will be confined between the volume of
the pot cores reducing the possibility of flux linkage to nearby circuitry.

The canister boundary material does present an attenuation factor, but it too can be
minimized. If the frequency of the primary coil driver can be kept relatively low, the
surface currents can be maintained at a negligible level. This relates to a boundary that
appears essentially “transparent” to the magnetic field. Transparent in this context means
that the boundary thickness affects the magnetic coupling just as a comparable air gap at
the chosen drive frequency. Therefore, the driving attenuation factor is the total gap
between the transformer coils, which is primarily defined by the boundary thickness.

It was determined for this particular application that a transformer dedicated to power
transfer and a separate much smaller transformer dedicated to data coupling would be
designed. This single-use approach allows each transformer to be optimized for its
intended use without compromising the design for secondary applications.

PSPICE was employed to assist in the design of the power transformer. A first-order
computer model for a lossy transformer using a 3019 pot core was designed and
incorporated into a PSPICE schematic, which was then simulated and optimized. The
result was a baseline transformer design requiring 68 turns on the primary, 550 turns on
the secondary (turns ratio of 1:9.483) operating at ~4.5kHz drive frequency. From the
input voltage, output voltage, input current, output current, operating frequency, and
number of turns requirements, it was determined that a physical transformer could be
constructed to meet the electrical requirements and also fit into the 3019 pot-core
assembly.

DESIGN CHARACTERIZATION

The test setup used to characterize the power-coupling transformer consists of a 1′x 1′x
0.060″ type 304 stainless steel (SST) plate mounted vertically to a horizontal type 304
SST plate having the same dimensions, refer to Figure 2. The transformer primary coil
and pot core assembly is mounted to the geometric center of the vertical plate using a
double-sided adhesive tape. The secondary coil and pot core assembly is mounted to the
opposite side of the vertical plate in a similar fashion with an attempt made to maintain
axes coincidence between the coils. An assumption made using this setup is that the 1′x
1′ surface area of the vertical plate appears as an infinite area conductive plane to the
transformer. This permits fringing effects of the electric flux to be neglected.



Figure 2: Transformer Characterization Setup

Transformer characterization data indicates that the power coupling efficiency as a
function of coil separation behaves as expected with an approximate 1/d2 dependency.
Overall power coupling between the transformer coils is essentially equivalent for an air
gap spacing and a stainless steel spacing between the coils. This data verifies the
assertion that the selected conductive boundary would appear essentially transparent to
the magnetic flux at the desired frequency of operation.

Data collected with respect to the use of the pot cores supports the assertion that magnetic
flux is contained within the volume of the pot cores. Axial displacement of the coils
resulted in a very fast roll off of the power coupling efficiency. It was also determined
that the presence of the pot cores is critical in order to maximize the power coupling
efficiency between the coils. Data indicates that the power coupling efficiency is
increased by a factor of ~6.3 with the use of the pot cores.

An optimal transformer drive frequency equal to ~9.5kHz was determined empirically.
This is compared to the 4.5kHz drive frequency suggest by the PSPICE simulations and
optimization. The discrepancy between the simulated and empirical drive frequencies can
be attributed to the simulated drive frequency being a local maximum for the PSPICE

optimization software. This is verified empirically in Figure 3.

Characterization data suggests that increasing the duty cycle of the drive signal
corresponds to an increase in power coupling efficiency, within limitations. Peak power
coupling efficiency appears to be attained with a 9.5kHz @ 30% duty cycle drive signal.
Increasing the duty cycle beyond this point is detrimental to the efficiency since the pot
cores are probably saturated due to the increased DC magnetic field. This data suggests
that duty cycle is a variable that can be adjusted to increase the power coupling efficiency
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to compensate for physical losses introduced in a real application such as axial
misalignment of the coils.

Power Coupling Efficiency vs Frequency/ Average Output Power vs 
Frequency (10% Duty Cycle Rectangular Pulse)
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Figure 3: Power Coupling Efficiency vs. Frequency and Average Output Power vs.
Frequency for 10% Duty cycle Drive Signal attached to the Transformer
Characterization Setup.

BENCH DEMONSTRATION CONFIGURATION AND ANALYSIS

The next logical step is to determine if the transformer can be used to couple power into a
sealed nonferrous conductive canister. A type 304 vacuum tube nipple is used to
implement a fully enclosed, cylindrical SST test canister. The endplate flanges are
machined to permit hardware attachment and proper spacing between the transformer
coils; however, no holes go all the way through either of the endplate flanges or the walls
of the cylinder. A copper gasket is used to make a conductive seal between the endplate
flanges and the vacuum tube nipple to ensure an electromagnetic seal of the canister,
refer to Figure 4.

Experiments similar to those conducted during transformer characterization were
performed but only “spot check” measurements were obtained as can be seen in Figure 5.
Note that the SST boundary thickness for the sealed canister tests were 0.1”, while the
bulk of the testing with the SST plate was at 0.06”. Acquired data indicates that the peak
power coupling efficiency is still obtained with a drive frequency of ~9.5kHz. The
observed decrease in the power coupling efficiency with respect to the flat plate
characterization data is expected since the spacing between the coils has been nearly
doubled.



Figure 4: Sealed Test Canister
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Figure 5: Power Coupling Efficiency vs. Frequency and Average Output Power vs.
Frequency for a 10% Duty Cycle Rectangular Drive Signal through a 0.10”
thick endplate attached to the Demonstration Canister

MAGNETIC COIL DATA COUPLING

The SCI Instrumentation System relies on magnetic coupling of the data through a
transformer. The serial data stream originates inside the SCI Instrumentation System at
the micro-controller, refer to Figure 6. Data is coupled through a pair of transformer pot
core coils mounted on the inside and outside surfaces of the canister, refer to Figure 7.
Only a few µwatts of modulated signal power are required for data detection outside the
canister (as compared to 10 milliwatts required for the power coupling). Thus a smaller
transformer pot core was chosen, with the coil driven by a standard CMOS logic gate.
One consideration in the selection of the data modulation frequency is to maintain
adequate separation from the 9.5kHz power coupling frequency. A local resonance in the
data coupling coils was identified at 250kHz, which was deemed to have adequate
separation from the power coupling frequency. The 150 kHz high-pass filter was added to



reject the 9.5 kHz power modulation from the data detection circuit. The transformer
design and modulation parameters for the data coupling were chosen on the basis of a
few simple laboratory observations and could be optimized for specific applications using
PSPICE simulations and optimization.

A simple Amplitude Shift Keying (ASK) data modulation scheme was chosen for
simplicity in implementation and low power operation. A serial data stream modulates
the 250kHz carrier onto the coil for logic high, while the carrier is keyed off for the logic
low (or mark) condition. Significant power (2.5 ma) is drawn only when logic high is
being driven onto the coil, while the inactive power consumption is negligible (a few
µamps). The drive-side circuitry inside the canister is based on CMOS digital logic,
which can drive adequate current into the coils. The data receiver is a simple envelope
detector with a differential amplifier connected to the coils to minimize common mode
coupling. The output of the threshold detector was buffered to RS-232 level for
connection into a laptop computer for the bench demonstration. This modulation scheme
could also be used with a continuous pulse code modulation (PCM) bitstream if that type
interface were preferred.
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Figure 6: SCI Instrumentation System Data Coupling

Figure 7: Position of Data and Power Coils

Power Coil

Data Coil



BIT ERROR PERFORMANCE

The SCI Instrumentation System data coupling design was fabricated and tested for bit
error performance through stainless steel canister walls of varied thickness. Since the data
stream includes error detection based on an 8-bit checksum, the bit error tests were
straightforward to perform. The laptop data interface computer software implemented the
error detection diagnostic continuously as the data streamed in through the canister wall.
A known data test pattern was used to create the bitstream on the data modulator input.
This bitstream was transmitted through the plate, while the laptop computer received the
data and checked for bit errors. The received signal power did vary considerably as the
canister wall thickness was varied from 0.05” to 0.15”. And, it was necessary to decrease
the baud rates to achieve good error performance through the thicker plates (see Table 1).
For each of the experiments listed in Table 1, the probability of bit error was verified to
be better than 1.0E-06. These tests demonstrate data coupling through plates up to 0.15”
thick at relatively high transmission rate. It seems likely that data coupling is possible
through even thicker plates at lower data rates.

Table 1: SCI Data Coupling Bit Error Performance

Canister Wall Thickness 0.05” 0.1” 0.15”
Maximum Tested Data Rate 19.2kbaud 19.2kbaud 2.4kbaud

CONCLUSION

To prove the feasibility of the sealed canister instrumentation (SCI) concept, prototype
hardware was developed for a bench demonstration. The demonstration proved that
adequate power can be coupled into a sealed nonferrous canister to operate
instrumentation circuitry. Refer to tables 2, 3 and 4 for a description of the capabilities of
the bench demonstration hardware instrumentation and magnetically coupled power
supply.

At the outset of the project, it was assumed that the dominant limitation to
instrumentation performance and complexity would be the amount of power coupled into
the canister. However, it was demonstrated that a more than adequate amount of power
was available for the specific application. The limiting factor became the time response
of the circuitry and sensors to power management. Most off the shelf circuitry is not
designed to be powered on and off rapidly.

Future developments for sealed canister instrumentation may include a search for low
power electronics and sensors that have an improved power up response, extension of the
application to ferrous materials with ultrasonic coupling devices, and development of the
magnetic coupling models to optimize power coupling efficiency given a specific load.



Table 2: Demonstrated Instrumentation Capabilities.

Number of Channels: 8 channels: Analog Strain Gauge

8 channels: Component Temperature

4 channels: Voltage Diagnostics

Sampling Rate: 1.0 to 8.0 sam/sec/chan

Strain Measurements ± 500 µstrain
1% accuracy

10 bit resolution

Temperature Measurements 0 to 70° C

± 1.0° C Accuracy
8 bit resolution

Power Required 2.0 mA @ 5Vdc (continuous 1sam/sec)

Table 3:  Power coupling specifications.

Canister Wall 0.1” stainless steel

Power Coupling Magnetic/Transformer

Power Transformer
Primary(internal)   = 68 turns

Secondary(external) = 550 turns

Pot Core Size 1.2” O.D. By 0.37” high

Power Modulation Frequency 9.5 kHz

Primary Power Input
12 Vdc @ 0.2 A(avg)

30% duty cycle

AC Coupling Efficiency 13% (unconverted secondary power)

Table 4: Data coupling specifications.

Canister Wall 0.1” stainless steel

Data Coupling Magnetic/Transformer

Data Transformer
Primary   = 60 turns

Secondary = 120 turns

Pot Core Size 0.55” dia. by 0.17” high

Data Modulation
ASK (UART format)

250 kHz Carrier

Data Rate 9600 baud

Probability of Bit Error Less than 1.0E-06
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ABSTRACT

In recent years the telemetry community has encountered a growing demand for
bandwidth from users and a corresponding loss of spectrum. The Advanced Range
Telemetry (ARTM) Program has responded to this situation with an initiative to develop,
demonstrate, and improve the management and control of telemetry resources using
demand assigned multiple access (DAMA) techniques. This initiative has proceeded
along two paths. The first path is in the development of an expert system to facilitate the
scheduling of telemetry missions and the deconfliction of their frequencies. This system
emphasizes the graphical manipulation of mission data and uses a genetic algorithm to
search for an optimal set of mission frequencies. The second path  is the development of
a bidirectional command and control link to remotely control and configure the frequency
of a telemetry link. This link uses the simple network management protocol (SNMP) over
a wireless Internet Protocol (IP) network implemented with Digital Communications
Network System (DCNS) units.
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INTRODUCTION

In recent years the telemetry community has encountered a growing demand for
bandwidth from users and a corresponding loss of available spectrum. This situation led
to the establishment of the Advanced Range Telemetry (ARTM) Program and their
support of innovative technologies to improve the utilization of the telemetry spectrum.
One aspect of this overall problem is the manner in which telemetry resources (in
particular frequency) are managed on a daily basis. The process of deconflicting



frequency requests may be largely unknown to users but the difficulties it presents is all
too familiar to schedulers and frequency managers. Many of the techniques as practiced
today are manually intensive and inefficient and have remained relatively unchanged as
scheduling and frequency deconfliction tasks have increased in complexity. Only recently
have computerized and automated processes been considered and embraced to any degree
for this task.

This paper describes a computer-based approach to the problem of deconflicting
frequencies and managing other telemetry resources that was developed as part of a
Small Business Innovative Research (SBIR) initiative from ARTM. This system has been
named Scheduling Management for Advanced Range Telemetry (SMART) and
incorporates computer and network-based solutions to alleviate the load on schedulers
and frequency managers and improve their efficiency.

SMART OVERVIEW

The SMART system concept evolved as part of an examination of the current frequency
deconfliction and range scheduling processes, their interaction, and the challenges they
faced. Several key objectives of the SMART system emerged during this period and
guided its development:

1. The system should be accessible by a wide range of personnel – users, schedulers,
frequency managers, and area frequency coordinators. The actual process that
SMART is intended to support begins with mission requests for range assets (of
which frequency is only one) and eventually involves inter-range frequency
contention and coordination.

2. Mission data should be graphically displayed and manipulated as much as possible
to facilitate ease of use. Graphical user interfaces (GUIs) have become a standard
part of computer applications and are in part, responsible for the proliferation of
information technology.

3. The system should enable schedulers, frequency managers, and area frequency
coordinators to deconflict frequency requests quicker and easier. Furthermore, it
should lead to more efficient use of the available spectrum. This objective leads to
recasting the frequency deconfliction process as an optimization problem.

4. The system should be able to remotely configure and monitor telemetry assets,
particularly the frequency and configuration of transmitters, receivers, and other
link equipment. This objective advances the notion of a telemetry command and
control link and is further inspired by the development and implementation of
network management tools.



5. The system should utilize off-the-shelf components as much as possible. This is a
well-known anthem in both the government and commercial sectors and is
intended to prevent the continual re-invention of the wheel.

Figure 1 is a functional block diagram of the resulting SMART system. The system
implements two major functions: resource scheduling, and remote configuration. Portions
of the system have been implemented and its continued evolution and upgrade is
facilitated by its choice of components.

Figure 1.  SMART Functional Block Diagram.
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RESOURCE SCHEDULING

The resource scheduling portion of SMART is implemented on a Windows NT
workstation and consists of five major components: (1) Scheduling Engine, (2) Mission
and Resource Database, (3) Mission Manager, (4) Solver, and (5) Web Server.

Scheduling Engine

The Scheduling Engine consists of a Gensym G2 Expert System with the Gensym
Scheduling Foundation (GSF). There are over 10,000 G2 licenses worldwide and GSF
has been adapted for a variety of process control applications ranging from steel rolling
mills to a brewery. G2 also runs on both UNIX and Windows 95/98/NT platforms, and its
knowledge base is compatible between these different platforms. From the Scheduling
Engine a SMART user can read, write, and display a daily schedule, graphically
manipulate mission times, access the Solver for frequency deconfliction, and access the
Mission Manager to manipulate all mission parameters. The functions of the Scheduling
Engine are primarily implemented with pull-down menus and click-and-drag mouse
operations, making it relatively user-friendly.

Mission and Resource Database

The Mission and Resource Database is a SQL database for maintaining information on
missions and the resources that support them. In the context used here, resource data
refers to range and program assets and their characteristics. Mission data refers to the
collection of resources that are utilized in a mission, the specific configuration of those
resources, and other mission-specific data and identifiers. For instance, aircraft,
transmitters, receivers, antennas, test areas, and receiver sites are all resources. The
database must also keep track of the configuration options and specifications for the
resources. These include such things as the modulation types, data rates, and filter
choices for receivers and the coordinates of the sites where the receivers are located. A
typical mission requires a telemetry link consisting of a transmitter and antenna on an
aircraft flying in a test area during a certain period of time and being received at a
receiver site through an antenna and receiver tuned to the frequency authorized for the
mission. As anyone who has seen this array of equipment can testify, there are a
multitude of knobs, switches, dials, and other parameters to set if the link is to operate
correctly. The mission data specifies the selection of resources required for a mission,
their configuration, and any link performance requirements. Link performance can be
specified in minimum signal-to-noise ratio or maximum bit error rate. Although
performance is not typically specified today, it is an example of a service that SMART
will enable.



Mission Manager

The Mission Manager is a graphical interface to the Mission and Resource Database. This
component enables a SMART user to access and manipulate all mission and resource
data. It is available as a stand alone application or from within the Scheduling Engine.

Solver

The Solver is an extension of the Scheduling Engine that is used to identify frequency
conflicts in schedules and determine sets of frequencies for missions to operate on. The
frequencies associated with different telemetry links conflict if their mutual interference
exceeds certain levels. There are several ways to identify a frequency conflict: (1)
frequency overlap, (2) signal-to-interference ratio, and (3) link performance modeling
and simulation.

The first technique is widely used today and has been implemented in the Solver. Link
bandwidth is specified such that the sidelobe levels at the band edges are sufficiently
suppressed in all conceivable scenarios that they will not adversely interfere with
adjacent links. Any overlap between the bandwidths of adjacent links indicates a
frequency conflict. The greatest advantage of this technique is its simplicity. However, it
tends to lead to inefficient frequency sets since it does not account for important link
parameters such as propagation loss, antenna patterns, the relative orientation of link
paths, and transmit power levels. These factors may be considered on an individual basis
if a cursory view of the distribution of links in a region indicates that there is a possibility
that a conflict does not actually exist.

The second technique computes the interference between all links operating in a region
and uses the signal-to-interference ratio to determine if there is a frequency conflict. This
technique is in the process of being implemented in the Solver. It requires the full range
of information on missions and resources that resides in the database. It also requires that
a minimum signal-to-interference ratio be specified for a link to differentiate between
acceptable and unacceptable link performance. With this technique unacceptable
performance indicates a frequency conflict.

The third technique requires the integration of a modeling and simulation tool into the
Solver to perform the link performance calculations. The OPNET Modeler/Radio is a
commercially available tool from MIL3 that has been identified for future
implementation in the Solver. This is a discrete event simulation tool that is capable of
performing detailed analyses of communication, network, and computer systems. The
performance statistics that can be generated include signal-to-noise ratios and bit error
rates as a function of time. It also has well-defined application program interfaces (APIs)
to facilitate its integration into applications such as SMART. While this approach can



generate very detailed performance estimates, it does have the disadvantage of requiring
moderate execution times.

Determining a set of frequencies for the missions in a schedule to operate on can be
viewed as an optimization problem:

Given: Set of missions, the L links that must be supported, and their
characteristics

Find: Set of frequencies F = {fi, i=1, 2, … L}
Such that: Mutual interference is minimized

The characteristics of a mission and the links it requires can be a fairly extensive list that
includes mission identifiers, start and stop times, equipment options, and site coordinates.
One approach to solving an optimization problem of this sort is to use a genetic
algorithm. Genetic algorithms are a class of robust search and optimization algorithms
based on the principles of natural selection and genetics [1]. Parameter values to be
optimized are encoded into sets of strings in which the parameters are referred to as genes
and the strings as chromosomes. In this case, each frequency request is mapped into a
gene and a set of frequencies to support all of the missions in a schedule becomes a
chromosome. The value of a gene reflects the frequencies that the mission associated
with the gene can use while a chromosome describes a possible set of operating
frequencies for the missions.

The genetic algorithm manipulates a set of chromosomes using three operators based on
probabilistic transition rules: 1) reproduction, 2) crossover, and 3) mutation.
Reproduction is based on the evaluation of a fitness function for each chromosome.
Chromosomes receiving higher fitness values have a higher probability of being
reproduced or copied into succeeding generations. This is the “survival of the fittest”
principle. Crossover involves the exchange or swapping of genes between chromosomes.
Mutation involves random changes in individual genes. The set of chromosomes
generated at each stage in the genetic algorithm is a generation. Each generation is
subjected to reproduction, crossover, and mutation until an acceptable solution results or
it is determined that a solution cannot be found.

There are two critical tasks to be accomplished in applying a genetic algorithm to a
problem: encoding parameters into chromosomes, and determining a fitness function. In
this case, each gene is associated with a link and the value of a gene points to the list of
frequencies that the link is authorized or able to use. These frequencies can be
represented as discrete frequencies or ranges of frequencies. Link frequencies can also be
reserved, indicating that the frequency has been set aside for that link only.



The value of the fitness function must be non-negative, and higher fitness values must
reflect better parameter sets. A two-stage function was devised for SMART. The first
stage is a feasibility function and the second stage is an interference metric:

Gfitness(F) = Gfeasibility(F) + u(Gfeasibility(F)-1) Ginterference(F)  where: u(x) is the unit step
function.

The feasibility function indicates whether the minimum requirements of all links are
satisfied. A value of zero indicates that none of the minimum link requirements are
satisfied for the duration of a schedule while a value of 1 indicates that all of the
requirements are satisfied. The interference metric indicates the extent to which the
minimum requirements are exceeded and is utilized only if a frequency set is feasible
(i.e., Gfeasibility(F)=1). The genetic algorithm continues to execute until it is determined
that a feasible solution cannot be found or until the difference between fitness values
between generations does not change significantly. The chromosome associated with the
highest fitness value indicates the best solution.

Web Server

The Web Server enables users to access the database via a network and a web browser.
This capability is similar to web access that is available to the Mojave Coordination
Group.

REMOTE CONFIGURATION

The remote configuration portion of SMART is a straightforward adaptation of network
management technology to the telemetry environment. This capability was deemed to be
an important part of the overall SMART concept because the resource scheduling
function takes a big step toward relieving telemetry and frequency management
personnel of the burden of having to manually select and deconflict mission frequencies.
The remote configuration function is an extension of this concept to ensure that links are
setup quicker and more accurately. The simple network management protocol (SNMP)
was chosen for implementation since it is the most widely used approach to network
management and is defined in a series of Internet Engineering Task Force (IETF)
Request for Comments (RFCs). There are numerous products available to support it. A
telemetry command and control link would also be needed to set the frequency of an
airborne telemetry transmitter. The ARTM chose the Digital Communications Network
System (DCNS) developed by L3 Communications for a prototype of this link. A
Microdyne 700MR receiver and Miteq 9400 Upconverter were selected as telemetry
equipment to be remotely configured.



An SNMP-based managed network contains several elements [2]:

1. One or more managed nodes, each containing a processing entity called an agent or
associated with a proxy agent.

2. One or more management stations, each containing a processing entity called a
manager.

3. Entities which can perform both manager and agent roles (optional).
4. Management information in each managed node which describes the node

configuration, state, and statistics and which controls the actions of the node.
5. A management protocol used to exchange messages.

As it is used here, a managed node refers to any telemetry equipment that can be
configured remotely. In a typical network, a managed node has an assigned network
address and agent software running on it. However, this is not always possible. Older
legacy systems may not support network standards, small systems may be unable to run
agent software, and other systems may support different standards for remote
configuration. In these cases, a proxy agent acts on behalf of a node [3]. Telemetry
equipment and its configuration does not typically support network operation yet. As
telemetry systems begin to embrace network architectures, users and vendors may wish
to consider if equipment with network interfaces is desirable.

The SNMP management information on a managed node is specified in a Management
Information Base (MIB). A MIB defines the objects to be monitored, configured, and
controlled in a network. The structure of a MIB also includes a scheme to uniquely
identify objects. Published MIBs include management information on the characteristics
of systems, interfaces, and various protocols such as IP, TCP, UDP, ICMP, and EGP.
Other MIBs specific to equipment at a node cover the functions, events, and statistics of
the equipment. Again, as telemetry systems begin to adopt network characteristics, users
and vendors may want to consider whether to supply standard MIBs for the control and
monitoring of their equipment.

The SNMP protocol runs over the User Datagram Protocol (UDP) and IP stacks found on
most PC and UNIX platforms. This approach facilitates the adaptation of the command
and control link to a variety of data links. A different data link can be accommodated by
encapsulating the IP packet within the payload of the new data link protocol.

CONCLUSION

This paper has described a system for scheduling missions, maintaining mission and
resource data, deconflicting frequencies, and remotely configuring the resources required
for a mission. Portions of the system are in the process of being implemented and tested.
Unique features of this system are a technique for automating and optimizing the



deconfliction of frequencies and the use of a command and control link to remotely
configure telemetry equipment.
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ABSTRACT

The ultra high capacity disk-based data recorders now entering service offer not just a
convenient and inexpensive alternative to conventional tape systems for applications like
Telemetry and Flight Test but also a unique opportunity to rethink the classical models for
data capture, analysis and storage. Based on ‘open architecture’ interface standards–
typically SCSI–this new generation of products represents an entirely new approach to the
way data is handled. But the techniques they employ are equally applicable to any SCSI
storage device. This Paper discusses a range of practical scenarios illustrating how it is
now possible to `mix-and-match' recording technologies at will–disk-array, DLT, DTF,
ExaByte, JAZ, ZIP, DVD, etc.– to produce an almost infinite combination of readily
scaleable plug-and-play data capture, analysis and archiving solutions. The cost and
reliability benefits arising from the use of standard mass-produced storage sub-systems
are also considered.

KEY WORDS

Data recording, capture, storage, disk, array, Digital Linear Tape, DLT, DTF, ExaByte,
JAZ, ZIP, DVD.

INTRODUCTION

At the 1998 International Telemetering Conference, Avalon Electronics discussed how it
had been possible to adapt a commercial off-the-shelf SCSI computer peripheral such as
a Digital Linear Tape (DLT) drive into a flexible, general purpose data recorder for digital
and analog applications1. Figures 1 and 2 summarise how this was done. The enabling
innovation was essentially to move the problem of computer interfacing from the
reproduce side of the classical data recording model to the record side of a standard
SCSI data storage device (in this case a high capacity DLT drive). Once the data had been
converted into SCSI format, it became very simple to manipulate and process by
computer.



Figure 1.  Classical Data Recording
modes

Figure 2.  DLT Recorder Architecture

This concept has now evolved from its simple `stand-alone' roots into an entirely new
scaleable approach to the way data is captured, analysed, transported and archived.
Furthermore, using essentially the same schematic diagram–but with alternative, faster
storage devices such as disk arrays–it has even been possible to push sustained data
transfer rates beyond anything currently possible with magnetic tape. But when these
extremely fast data capture devices are fitted with generic analog and/or SCSI interfaces
data can readily be migrated to less sophisticated storage media for subsequent
transportation, analysis or archiving. This ‘horses-for-courses’, scaleable architecture
mean that it is no longer necessary to equip an entire data handling network with expensive
storage equipment. The disk array implementation is used as the foundation for this paper
in order to demonstrate the full possibilities of this approach.

HIGH RATE DATA CAPTURE USING DISK TECHNOLOGY (AE7000)

The storage ‘engine’ of the 1 Gbit/s Avalon AE7000 disk recorder (Figure 3) is an array of
eight 18 GigaByte (GB) hard disks, giving a total storage capacity of approximately 144
GB (1.15 Terabits), or almost 50% more than the largest ID-1 tape cartridge. The unit’s
architecture (Figure 4), which is the subject of a number of international patent
applications, is similar to that of the DLT recorder (Figure 2) in that data (either analog or
digital) is first converted to 16-bit SCSI format in a Data Interface controlled by an
embedded Pentium computer. In this case however, the formatted data is fanned out over
the array of disks which appears to the Pentium as a single SCSI "`Direct Access" device.
The inherent integrity and reliability of today’s disk technology means that there is no need
to operate them in redundant-array mode for most applications; leaving virtually the
entire capacity of the media available for data storage. However, in the Avalon
implementation the redundant-array mode is nevertheless retained and can be selected if
required. In this case, the eight disks are divided into two groups of four, with one disk in
each group acting as a simple exclusive-OR ‘parity track’. The price for this additional
(and generally unnecessary) security is a 25% penalty in both capacity and maximum



throughput. Input/Output interfaces are modular, the range at present including serial and
parallel

Figure 3.  AE7000 1 Gbit/s Disk Recorder.

digital interfaces with aggregate sustained throughputs to 1 Gbit/s, single channel
wideband analog inputs to 50 MHz and flexible mixed analog and digital interfaces for
telemetry and similar multi-channel applications. To overcome the twin needs to store
sensitive data securely when not in use and to be able to install extra capacity when
required, the disk array is housed in a single hot-swappable crate. This can be locked
away in an approved safe. The various methods of reading data are discussed later.

DATA MANAGEMENT

One of the most difficult aspects of adapting computer storage devices for data capture
applications is data management. Invariably, ‘really world’ data is some form of time
history where the instantaneous changes of one or more physical parameters (pressure,
temperature, force, amplitude, etc.) are ‘plotted’ against a timebase. Multi-track linear
magnetic tape recorders are particularly suited to this application, since the timebase is
effectively the tape movement itself. Helical and transverse scan recorders operate in a
similar manner (albeit with some temporary manipulation of the data to accommodate head
switching). Computer peripherals behave somewhat differently–typically writing in a
disjointed manner which bears little or no relationship to ‘real time’. Yet many potential
users, while attracted by the advantages of peripheral-based solutions, are nevertheless
principally concerned in what is happening to their signals between specific points in time.
This problem is compounded when edited portions of the data are transcribed from one
medium to another–say from the disk array to a JAZ disk. It is invariably the original time
history which is of interest, not the time when the data was transcribed.

In the Avalon approach (Figure 4), these difficulties are overcome in an ingenious yet
simple way. The basic unit of storage on a disk is the sector (512 Bytes). In order to
minimise the amount of overhead written to disk, input data is cached until there is enough



to write a cluster (defined as 1,000 sectors, or 512 kB). As the eight disks effectively write
or read in parallel, the basic unit of system storage is therefore 8,000 sectors (4.096 MB).
Each time a cluster is written to disk a directory entry is made as an ASCII space
delineated file with entries for cluster number, time (in seconds since 1980) and any related
user event marks. Each time the recording process is terminated–always at the end of a
complete cluster– the complete directory is written to a flash memory which is integral to
(and therefore travels with) the removable disk crate. The time source can be the unit's
internal generator or one of a number of external timecode options (IRIG, GPS, etc.). To
avoid the complexities of multiplexing any low rate housekeeping data (range timecode,
voice annotation, etc.) into the primary high rate data stream, these ‘tracks’ are stored in
flash memory too, suitably linked to the timeframes to which they pertain.

Figure 4:  Disk Array Architecture Figure 5:  SCSI Data/Control Interface
(fast/wide implementation)

One of the advantages of using the SCSI interface (Figure 5), rather than say Ethernet, is
that it has no protocol layer, meaning that data can be simply manipulated as a variable
number of blocks. All SCSI interface vendors provide drivers that bring the SCSI device
to a common software interface such as ASPI (Adaptec SCSI Protocol Interface).
Handshaking commands and responses (ATN, BSY, ACK, etc.) are transmitted between
the Initiator and Target on separate dedicated lines. Another major advantage is the limited
number of commands needed to move data around the system. For example, consider the
need to transfer to RAM a passage of data of known duration which was recorded
commencing at a certain moment in time. It is simply necessary to convert this start time
into seconds (from 1980), relate this to its associated cluster number in the flash memory
and then multiply this value by 8,000. This is the start sector which is then placed in the
SCSI command block along with the appropriate transfer length (expressed in blocks).
Once transferred, this data can be given a filename and resaved, if required.

The foregoing scenario described the use of AE7000 as a SCSI Target in which it
appears to the host as a single 144 GB hard drive. But it is probably in its role as an
Initiator that it makes its greatest contribution to the concept of scalability. As an



Initiator, it is able to download portions of data to any other suitable SCSI archival or
transfer medium including, DLT, DTF, ExaByte, JAZ, DVD or other large capacity disk.
Typically, in this mode the beginning and end data points are selected manually using a
pair of cursors at the unit's graphical interface (Figure 6). Pressing the TRANSFER button
causes the system’s control computer to make the proper calculations and then transfer
the dataset to the selected data in its original form. For example, an important passage of
analog data could be transcribed from one AE7000 in computer compatible form onto,
say, a JAZ disk for transportation to another location where it could be imported to a
second AE7000 and displayed in its original analog form again. The normal error checks
associated with data interchange between SCSI devices apply, meaning that no errors are
introduced during the transcription process.

SYSTEM INTERFACING

Before going on to consider the range of practical implementations, it may be helpful to
describe several important system interfacing possibilities. AE7000 is designed initially to
operate as a stand-alone recorder/reproducer with a minimum of user controls. For many
applications, this is how it will be used. Recorded data will be monitored and analysed in
real time and only rarely saved for further processing later. The primary pushbutton
controls are: STOP, RECORD, PLAY and GOTO, the last being used in conjunction
with a pair of cursors to define the start and finish points for a passage of data to be
replayed or transcribed (Figure 6).

But in the context of a scaleable data capture strategy, a number of more adventurous
possibilities exist (Figure 7). Bearing in mind that disk-based systems are essentially
temporary storage devices, it is important that there should be a convenient means of
copying data for transportation, off-line analysis and archiving. As many applications are
still (and are likely to remain, at least in the foreseeable future) analog in nature (telemetry,
SIGINT, etc.), the simplest possibility is to transcribe selected passages in analog form to
a suitable analog tape recorder. An alternative is to transcribe data directly to a standard

Figure 6:  AE7000 Control Screen



SCSI device. Virtually any SCSI system can be used, provided that it has the required
capacity and transfer rates for the data sets involved. Since AE7000 can operate as either
an Initiator or a Target, analog (or digital) data stored on a SCSI device can at any time be
up-loaded again and restored to its native format.

It is an often-heard truism that 95% of all stored instrumentation data is ‘garbage’. Yet any
missile test range or flight test center is likely to have a massive warehouse of large,
expensive, open-reel and/or cartridge tapes, only a tiny fraction of whose contents are
classified as ‘valuable’ data. It will be immediately obvious, therefore, that the flexibility of
the disk-capture approach offers important advantages in this respect. Data acquired at
rates beyond the reach of even the fastest tape recorders can readily be transcribed to any
suitable low cost medium provided only that the passages of interest can be identified by
time of acquisition and/or simple event marker. A 5.25 inch slot is provided within the unit
for this purpose, although the user is often more likely to employ higher capacity media
such as DTF or DFT for larger datasets.

Figure 7: AE7000 Typical Data Flows

An interesting extension to this is the concept of remote data capture. In this case, data is
captured on disk at the acquisition site while selected passages are transmitted to a remote
location over a high speed link for further analysis on a similar disk recorder. This concept
is particularly relevant in applications where several remote acquisition sites are controlled
by a single central monitoring facility.



DISK-BASED DATA CAPTURE IN TELEMETRY

From the standpoint of the capture and analysis of telemetry data, some important
advantages of a scaleable disk-based solution are:

1) ‘Instant-on’ buffered data capture. There is no need to run the recorder up to
speed in anticipation of the arrival of data. Take the case of an airborne test firing of a
missile. It is normal for the aircraft to make one or more circuits of the range while the
missile’s instrumentation packages are calibrated, checked and their outputs recorded
for future reference. Then, typically, there will be a pause before permission is given
to launch the missile. There is the permanent dilemma as to whether to leave the
tape(s) running (with the possibility of running out before the actual firing), or
alternatively to stop the tape and hope to be up to speed again in time for the test.
These problems do not exist with a disk recorder which can record instantly up to its
maximum data rate (1 Gbit/s aggregate or 50 MHz aggregate in the case of AE7000).
Capacity is also unlikely to be an issue since the unit’s 1.15 Terabit storage is
probably more than adequate to hold a full day’s data at the most busy range facility.

2) ‘Loop store’ mode. The previous comments assume a typical scenario where the data
capture process conforms to a pre-planned schedule–and in any event in which
personnel at the recording facility have some control over events. There are many
situations however when the exact timing of an event of interest are outside the control
of the recorder operator. Where high rate tape recorders are used to capture such
unpredictable events, it is normal to use two or more units working in series–with
someone in attendance to change the tapes as necessary. A disk-based recorder can
overcome this problem by working in loop store mode, whereby as the medium
becomes full the earliest data is overwritten ensuring that it always holds a ‘loop’ of
‘pre-event’ data. In this situation it is normal to further program the system to stop
recording at a predetermined interval after the event of interest has been identified,
freezing a finite time history leading up to and following the event for analysis.

3) Instant Access to recorded data. There is no ‘rewind time’ with disk recorders.
Once a test run has been recorded it is available immediately for verification and/or
analysis. The operator simply has to select the timeframe of interest using the cursors
and then press the GOTO button. Looping mode is also available on replay, allowing
an event to be played again and again without stress to the instrument or recording
medium.

4) Data Distribution. Once initial validation of the data has been confirmed it is available
for immediate transcription in analog or digital form (as appropriate) to another
storage device, (Figure 7). This is another area where the flexibility and scalability of



the concept is important. Provided only that a human or automatic ‘operator’ at the
acquisition site is able to identify the data of interest, it may immediately be reduced in
volume to something as manageable (and inexpensive) as a medium format cartridge
or JAZ disk. Nothing is lost however, since any data migrated to a SCSI or analog
device in this way can always be restored to its original form, simply by reversing the
process and returning it to the disk recorder. Secondary copies can be distributed to
the Test Range’s Client, if required. Alternatively, the data can be transmitted over a
high speed data link to a remote location for further analysis.

5) Cost. Compared to ‘traditional’ data recorders, the relatively low cost of the disk
system itself, the analog and SCSI devices it is designed to interface with and the
media they use offer immediate advantages. Less obvious perhaps, are the cost
savings surrounding the introduction of the package into an existing data collection
facility. For example, the multi-channel data input/output interfaces can be made to
emulate exactly the user’s existing interface (IRIG, DCRsi or ID-1, for example).
Where a possible change of recording technology is linked to a move from an analog
to a digital environment, the traditional horrors of ‘going digital’ are eliminated.
AE7000 for example, fits equally well into either regime, and will perform the analog-
to-digital conversion (i.e. to SCSI) ‘for free’.

6) Reliability and Logistics. The principle moving parts in a disk array system are the
disk drives themselves, and these are effectively field-replaceable ‘throw-away’ items.
Other SCSI devices in the network can be considered equally expendable, or at least
inexpensive enough to carry an adequate number of spare units. Furthermore,
experience has shown that the inherent reliability of mass-produced computer
peripherals can be retained when they are adapted for field data capture applications
provided care is taken in the re-engineering process. For example, Avalon Electronics
offers a 5-year warranty on the disk drives used in its AE7000 product. These
considerations mean that expensive maintenance contracts and high-value spares
holdings could soon be a thing of the past as the instrumentation world embraces
these new technologies.

CONCLUSIONS

Over the years there have been many ‘false dawns’ in the quest for COTS (commercial
off-the-shelf) solutions to complex data capture, manipulation and archiving problems. In
many cases, tape and disk-based products have failed to deliver on their initial promise.
Now, however, it can be seen that a whole family of SCSI-based devices hold the key to a
new, genuinely flexible approach. Compared to traditional recording tools they are
inexpensive to own, simple to integrate into existing set-ups and require little or no special
software code. But above all, they offer a degree of scalability to the problem



unimaginable just a few years ago. As has been shown, the concept is as applicable to a
simple ZIP or JAZ drive as it is to a massive 1.15 TB disk array–indeed an identical
proprietary software package could probably control either. It is predicted with some
certainty therefore that multi-technology solutions, based on common generic interfaces
like SCSI, represent the ‘next generation’ for many data storage applications.

                                       
[1] F.Thames Jnr, “A New Generation of Data Recorders based on DLT Technology”, Proceedings of International Telemetering
Conference, 1998.
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ABSTRACT

It is an increasing requirement that commercial satellite telemetry data product be
protected from unauthorized access during transmission to ground stations. While the
technology (cryptography) to secure telemetry data product is well known, the software
infrastructure to support such security is costly, and very customized. Further, many
software packages have difficulty interoperating. The Common Data Security Architecture
[1] [2] [3] (originally proposed by the Intel Corporation, and now adopted by the Open
Group), is a set of common cryptographic [4] and public key infrastructure (PKI)
application programming interfaces (APIs) which will facilitate better cryptographic
interoperability as well as making cryptographic resources more readily available in
telemetry post processing environments.

 KEY WORDS

cryptography, public key infrastructure (PKI), Common Data Security Architecture
(CDSA)

INTRODUCTION

The Common Data Security Architecture is a set of programming application interfaces
(APIs) which specify cryptographic, certificate, trust, and data storage operations. The
specification allows for the functionality implied by the APIs to be provided by “add-in”
modules which can be implemented by third party vendors. After describing the CDSA
architecture and discussing its implications for security applications, examples will be
given illustrating how the technology may be used positively impact telemetry post
processing operations.



ELEMENTS OF CDSA ARCHITECTURE

The central concept behind CDSA architecture is that common low-level security
operations can be generalized into programmatic APIs that are applicable across
computing platforms. With this approach, security applications can be written once to
utilize the CDSA APIs; and recompiled when appropriate for deployment on target
computer systems (as long as there are implementations of CDSA on those target
systems). The programmatic APIs, together with the infrastructure to utilize them, are
commonly referred to as the CDSA Framework. It is important to realize that the
Framework itself cannot accomplish anything. They are merely APIs which aggregate
data. Actual functionality is achieved when so called “add-in” libraries are attached to the
Framework to implement the functionality implied by the APIs (Figure 1).

CDSA Framework API (CSSM)

CSP Add-In TP Add-In DL Add-In CL Add-In

Figure 1. CDSA Architecture.

It is important to realize that add-ins are platform dependent. That is, they are specifically
implemented to function on a particular operating system. In addition, whereas just as
source code written to the CDSA APIs is platform portable; actual cryptographic objects
(e.g. keys, encrypted data, signatures, etc.) created by calls to those APIs will also be
typically interoperable with other objects created by CDSA add-ins running on other
operating systems-----as long as those add-ins adhere to accepted industry standards for
lower level cryptographic information exchange; e.g. PKCS 1, X509, etc. Finally, it should
be noted that add-ins may be implemented in hardware as well as software.

Appendix 1 describes the typical operations implemented by the CSP and CL add-ins.
Very briefly, the Cryptographic Service Provider (CSP) add-in does what its name implies-
----implement general cryptographic algorithms (e.g. symmetric and asymmetric
algorithms, digital signature, etc.). The Certificate Library (CL) add-in implements digital
identity functions by providing functionality for embedding cryptographic keys in
certificate structures. Facilities are also provided for certificate verification and certificate



revocation. The Trust Policy (TP) library provides for functionality that can evaluate a
user’s privileges based on logic and their digital identity certificate (hence the term “trust
policy” add-in). Finally, the Data Library (DL) implements a database storage facility for
objects which are created by CDSA add-in modules (e.g. keys, certificates, etc.)

ADD-IN VALIDATION

The sensitive nature of applications utilizing CDSA require that they be able to confirm
that the add-ins being loaded by the application have not be tampered with by outside
hostile third parties. To insure this, the CDSA architecture implements an elaborate
checking policy to insure the integrity of add-ins and the Framework. All add-ins have
associated with them a separate manifest file which contains a digitally signed hash of the
associated add-in library. Before the CDSA Framework loads a requested add-in, the
Framework calculates a hash on the add-in library. This hash value is compared with the
signed hash value in the associated manifest file. If the hashes match (and the signature on
the hash in the manifest is verified), the add-in library will be loaded. However, before
control is returned to the application, the add-in (now in computer memory) calculates a
hash over itself in memory and again compares the result to the value in the associated
manifest file. This is known as the “self check.” It insures that the bits that were actually
loaded were indeed the bits that were originally validated on disk. After the “self check,”
the add-in attempts to confirm that the CDSA Framework (that is the software that loaded
the add-in) has not been tampered with. This is done by hashing the Framework software
in memory and comparing the results to the signed Framework manifest. If these hashes
compare, and the add-in can confirm that the calling function that loaded it returns to the
region of memory where the Framework hash was performed, the application can be fairly
well assured that the add-in it has just loaded (and the Framework it is using) has not been
tampered with by a third party. The validation architecture is illustrated in Figure 2.

Pre-Load Integrity Check

Bi-lateral (Framework) Check

 Self Check

Figure 2.  CDSA Integrity Validation Architecture.



CDSA AND TELEMETRY POST PROCESSING

The widespread adoption of CDSA technology will bring great benefits to the development
of telemetry post processing applications which must operate on an encrypted data
product. First, post processing applications written to the CDSA API will not have to be
re-coded to deploy on new operating systems. Thus, the source code for these application
will become more portable. Today there are a myriad of crypto libraries available on many
different operating systems. Unfortunately, all these libraries utilize different APIs. Thus, if
a post processing application needs to be moved to a different operating system, on which
a currently used crypto library is not available, that post processing application will need
to modify all its crypto API’s in order to use the new crypto library on the new target
operating system.. Shortly, CDSA technology will be offered on all major computer
operating systems. This is already occurring in the marketplace. CDSA today is offered
under HP-UX 11.0 [5], and very shortly Apple and IBM will begin to offer CDSA services
on newer versions of their operating systems.

Second, telemetry post processing applications which are capable of processing encrypted
data product should become more prevalent in the marketplace. Currently any company
commercially selling an application utilizing a cryptographic library must pay royalties for
the use of the library in their product. This practice has served to inhibit creation of general
security products; and has no doubt also effected the telemetry post processing area as
well. The companies currently offering CDSA in their operating systems, are choosing to
allow developers to utilize the crypto services in finished products royalty free.

Finally, third, CDSA’s other capabilities can be used to help facilitate secure telemetry
data management. This can include encryption of post processed data results,
public/private key storage, certificate creation, and implementation of trust policies to
manage access of raw and post processed data.

CONCLUSION

CDSA is a complete infrastructure for cryptographic, certificate, trust and data storage
operations. Its adoption by the Open Group insures that it will become the defacto
standard for use with security applications. This will positively impact telemetry post
processing architectures by allowing them to develop facilities for handling secure data
product in a cost effective manner.



Appendix 1
General CDSA 1.2 CSP and CL Functionality

CSP (Cryptographic Operations)

Symmetric Key Generation
Asymmetric Key Generation
Symmetric Encryption/Decryption
Asymmetric Encryption/Decryption
Digesting
Digital signature/Digital signature verification
Generate/Verify MAC
Random Number Generation
Key Wrap/Unwrap

CL (Certificate Operations)

Certificate Verification
CRL Verification
Certificate Generation
Certificate Parsing/Manipulation
CRL Parsing/Manipulation
Certificate Signing
CRL Signing
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Abstract

The arms control verification activity is executed between countries, so various telemetry
data will be remote-transmitted in the public signal channel and can be easily tampered.
In order to secure this data’s authenticity and integrality, the paper has established a
Multi-layer Data Authentication Protocol (MDAP) in which the key cryptographic
technologies are digital signature and authentication. Meanwhile, overall evaluations of
MDAP have been presented. We proved the MDAP is secure.
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1. Introduction

In arms control verification, the telemetry data or some on-site detectors’ data must be
remote-transmitted to the inspectors in the public signal channels from the hosts. So this
data can be easily tampered or forged during the transmission. IN order to secure
inspection data’s authenticity and integrality, to implement effective inspection, it is
necessary to use the safe cryptographic algorithms and cryptographic technologies.
Farther more, each side of arms control verification should coincide with many points
and should establish a protocol on how to secure the security of the inspection data. So to
study on telemetry data authentication protocol in arms control verification is an
important researching content of arms control verification.

2. Establishing MDAP

2.1 Rules of MDAP

Because the arms control verification activity is executed between countries, there must
be some rules that should be conformed by each side of the agreement:

a) The arms control verification activity must be established on the base of trusting
each other.

b) The arms control verification activity must be fair. The host’s dominions and basic
rights must be completely respected.

c) After some strict test, each side of MDAP must agree that the inspection
equipment is credibility and authenticity. It is the basic condition of MDAP to have



absolute security data source. According to current seal technologies, it is possible
to make the equipment not dismounted, so any messages in the equipment such as
algorithms or programs or private-keys or data can’t be tampered.

d) Each side must strictly executed MDAP step by step according to operating steps.
e) On the basis of collecting proofs, the adjudication given by the arbiter must be

admitted.

2.2 Functions of MDAP

The most essential question being solved by MDAP is how to secure the telemetry data’s
security during the remote-transmission and how to secure the inspection to be fairly or
equally executed between each side. In other word, we must use MDAP to restrain each
side’s behavior and to defeat every cheat. So MDAP must possess these functions:

a) MDAP can ensure that any side can not forge a true message ratified by receivers.
b) MDAP can ensure that message is published and can be shared by every side.
c) MDAP can ensure that each side can independently authenticate message’s

authenticity and integrality.
d) MDAP can ensure that any one-sided behavior can not prevent others from trusting

the message.
e) If attacker intentionally disturbs the protocol, this cheat can be judged and

recorded by MDAP.
f) Host’s time-limited of signature and sending out the message will be given, so the

host can’t refuse signing or can’t intentionally prolong the time of dispatching
message.

g) MDAP can ensure if the inspector has received the available message, he/she must
give a feedback to the host, then this transmission is efficiency.

2.3 Form of MDAP

As the functions or the using sites are difference, the forms of protocol will be various.
According to the characteristics of MDAP, an arbitration protocol is chosen. The arbiter
of the agreement does not directly take part in the execution of MDAP. Just the conflict
occurring, arbiter appears. Otherwise, when MDAP is carried out in a large scale, arbiter
will be a bottleneck. Of course, we can solve this problem by increasing the number of
arbiters, but to select some acceptable and fair countries or organizations as arbiters is
more difficult.



2.4 Operating steps of MDAP

Now the operating steps of MDAP are being given in detail. In order to clearly express
the concrete contents. Please see the figure 1 as follow.

a) By relay equipment, inspector requests host to transmit data of telemetry
equipment to him/her.

b) Host verifies inspector’s status and checks the record of last transmission. If there
is no record, via relay equipment, host asks inspector to answer whether he/she has
received the correct data of last time until host getting a feedback of inspector. If
inspector’s answer is “no”, he/she will transmit that data again. If the answer is
“yes”, he/she will do the next works.

c) First, host reads the data of telemetry equipment via public signal channels. Then
he/she authenticates inspector’s signature. If there are some errors, host will read
the data again until there is no any error. If there is no any error, he/she will sign on
the data and inspector’s signature again to get a new signature and transmit both
the data and the new signature to relay equipment and make a record. At the same
time, if host doubts the data’s authenticity, he/she can read the original data of
telemetry equipment on-site. Then he/she compares the original data with the
earlier received data. If they are different, host will give this information to arbiter
and he/she can accuse inspector.

d) Relay equipment authenticates host’s signature. If there are some errors, relay
equipment asks host to transmit the data and the signature again. If there is no any
error, relay equipment transmits the data and the signature to inspector and makes
a record.

e) Inspector authenticates host’s signature. If there are some errors, he/she asks relay
equipment to transmit the data and the signature again. If there is no any error,
he/she authenticates his /her own signature. If there are some errors, he/she will
give this information to arbiter and can accuse host. If there is no any error, via
relay equipment he/she will give a feedback to host to show that he/she has
received the correct data.

f) Host authenticates inspector’s feedback and makes a record.

From above descriptions of operating steps, we can see that every step has a definition. In
operating steps, relay equipment not only transmits data but also collects proofs for
arbiter. If there isn’t any conflict, arbiter will not read relay equipment’s data. Just when
the conflict has been occurred, arbiter reads it as a proof of arbitrament.

Telemetry
Equipment Host

Relay
Equipment

InspectorArbiter

Figure 1



2.5 Fabric model of MDAP

The fabric model of MDAP is established as figure 2:

In the model, the ‘ m ’ represents the original data measured by Detector, the ‘ s ’
represents inspector’s signature, ‘ 's ’ represents host’s signature. It is clear that digital
signature and authentication are the main cryptographic technologies used in the fabric
model.

3. Overall Evaluations of MDAP

3.1 the Cheats in Digital Signature

The first possible cheat in digital signature is that in order to conceal his/her illegal
activities, whether host or inspector can use the old signature again to replace the real
ones that he/she should transmit. In order to defeat this cheat, the signature should
include a time tag. In other word, time should be a part of data, so the signature will be
obtained by signing on both data and time and it can’t be legally used two times. The
second possible cheat in digital signature is that whether host or inspector can deny the
signature that he/she has signed. He/she will do as follow steps: First he/she normally
signs on data according to the rules. Then he/she intentionally leaks his/her private keys,
so anybody who knows the private keys can build legal signature. Finally, he/she
announces that his/her private keys have been lost and his/her signature has been
damaged and somebody is now acting as him/her to sign. So he/she denies all the
signatures that he/she has signed by the private keys. To defeat this cheat, we can also use
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the time tag to ensure the old signature to be availability. Only the signature signed after
the private keys losing is invalidity.

3.2 Evaluation of Function’s Integrality

Now that MDAP possesses these functions, can it really ensure the arms control
verification activity to be fairly or equally executed between countries? We will
completely analyze each function as follow.

a) Because digital signature technology has been used in MDAP, the function a) can
ensure that the message possessing legal signature is authentic and reliable.

b) The function b) increases message’s diaphaneity and avoids making issues more
complications with complex processing on data.

c) The function c) can prevent anybody from one-sided denying signature’s legality.
d) The function d) can prevent anybody who has intrigue from slandering message’s

authenticity.
e) The function e) can prevent anybody from pretexting the attacker’s intentional

destruction to execute cheat.
f) The function f) can prevent host from refusing signing on inspection results even

his/her illegal behaviors have been discovered.
g) The function g) can prevent inspector from disavowing to have received the data.

Otherwise, he/she can announce that the host has illegal behaviors and dare not to
transmit data.

From the above analysis, we can see that with these functions, MDAP can ensure
inspection data’s authenticity and integrality. It can also defeat every cheat or intentional
destruction. So, the functions of MDAP are all-sided and integrate.

3.3 Evaluations of MDAP’s Security

Just aiming at the attacks, we will evaluate MDAP’s security. There are two types of
attacks such as passive attack and active attack. Passive attack is that somebody who has
no relation with the protocol overhears part or all data of protocol. Active attack is that
somebody adds in some new information or deletes the correct information replacing
with other message or destroys communicative channels or changes the information
stored in computer during the execution of protocol. Because of the inspection data
shared by every side, the passive attack is no meaning. We will analyze the security of
MDAP only aiming at the active attack.

From the fabric model, we can see that attackers possibly include attack 1 or attacker 2 or
attacker 3 or host or inspector or arbiter.

 Attacker 1 to 3 can tamper or delete or replace the signature or data transmitted on public
signal channel. Because they don’t have the host’s or the inspector’s private keys, and the
data-signature pair is unique, they can’t build a legal data-signature pair. Host’s signature
authentication can ensure attacker 1’s attack and relay equipment’s can ensure attacker
2’s attack and inspector’s first signature authentication can ensure attacker 3’s attack.

The inspector’s attacks are serious. First, he/she can intentionally leak his/her private
keys to attacker 1. So attacker 1 can build a legal data-signature pair and no one of



MDAP can identify this cheat. In order to defeat this attack, we can make use of the
telemetry equipment’s readability. In other word, original data in the telemetry equipment
can be read out on-site. When the host doubts the data’s authenticity, he/she can get the
original data and compares it with the earlier received data. If they are different, the host
can assure that inspector have done some cheats. Of course, attacker 2 or attacker 3
doesn’t possess host’s private keys, so it is no use to inspector to leak his/her private keys
to them. The second attack of inspector is that he/she denies to have received inspection
data. In order to defeat this attack, we can make use of the relay equipment’s readability.
Arbiter can directly read the transmission record in relay equipment. In addition, host
also has the feedback of each time’s data acceptance information of inspector.

Host’s first attack is to tamper data m or signature s  from the telemetry equipment to
obtain data-signature pair ( 'm , 's )�then he/she adds his/her signature to ( 'm , 's ) to obtain
data-signature pair ( 'm , ''s ). Relay equipment can only identify host’s signature, so the
data-signature pair ( 'm , ''s ) is legal. It can’t discover host’s cheat. But when ( 'm , ''s ) has
been transmitted to inspector, he/she can discover host’s cheat. First he/she authenticates
host’s data-signature pair ( 'm , ''s ) to get ( 'm , 's ). There isn’t any error. So it can prove that
host’s signature is legal. Second he/she authenticates his own data-signature pair ( 'm , 's ).
Because data-signature pair ( 'm , 's ) is different from the data-signature pair ( m , s ) and
the pair ( m , s ) is one and only, he/she can easily discover that data or his/her signature
have been tampered, so host’s cheat is discovered by inspector. Host’s second attack is to
deny his/her signature. To defeat this attack, we can make use of the time tag of signature.
It can prevent host from pretexting his/her private keys having been lost to disavow
his/her signature. The third attack of host is to refuse to sign on disadvantage message or
intentionally prolong transmission time. Relay equipment’s records of the transmission
time can defeat this attack.

Arbiter doesn’t directly take part in the execution of MDAP, so his/her attacks are equal
to the attacker1 to 3.

4. Conclusion

From all above�we can see that just based on the functions, MDAP can ensure the arms
control verification activities to be fairly and equally executed between countries and
based on the technologies, MDAP can identify various cheats or discover who is the
attacker or defeat various attacks. So we have made a conclusion that MDAP is secure
and feasible.
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Abstract

Today’s flight test processing systems must handle many more complex data formats than
just the PCM and analog FM data streams of yesterday. Many flight test programs, and
their respective test facilities, are looking to leverage their computing assets across
multiple customers and programs. Typically, these complex programs require the ability to
handle video, packet, and avionics bus data in real time, in addition to handling the more
traditional PCM format. Current and future telemetry processing systems must have an
architecture that will support the acquisition and processing of these varied data streams.
This paper describes various architectural designs of both staged data flow and stream
computing architectures, including current and future implementations. Processor types,
bus design, and the effects of varying data types, including PCM, video, and packet
telemetry, will be discussed.
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Processing Structures

In today’s telemetry processing environment, many more complex data streams and tasks
are required to satisfy current and emerging requirements. What was once the sole domain
of analog FM streams or single Time Division Multiplexed (TDM) Pulse Code Modulation
(PCM) streams is now filled with multiple data streams of varying content and format.
Once, avionics systems in flight test and space vehicles were monitored in real time by
embedding asynchronous bus data into synchronous PCM streams. The trend now is to



treat asynchronous data as such, placing it in an asynchronous transmission method such
as CCSDS or the new IRIG-107 Standard and then telemetering or recording it.
Additionally, now it is often the norm to require handling mixed data types and multiple
data streams in real time.

So, the first question becomes what type of requirements are out there that require this mix
of synchronous and asynchronous data in real time? Some current requirements that come
to mind are listed in Table 1.

Table 1. Data Types by Platform
Avionics Flying Test 

Beds
Ground Stations for UAVs & 

RPVs
Mixed Processing Avionics 

Laboratories
PCM PCM PCM

MIL-STD-1553 CDMA Pi Bus
ARINC-429 & -629 UHF MIL-STD-1553

Ethernet Video CCSDS
ATM CCSDS MIL-STD-1773

CCSDS Video
Video HSDL

RS-232, -422, -485 STANAG

With the emerging changes in telemetry data structures came large increases in data
quantity and bandwidth. All these changes make designing current telemetry processing
systems a challenge and provide many unique opportunities to mix technology into adapted
solutions.

In general, current computer processing structures (modern telemetry ground stations and
advanced data acquisition systems included) can be divided into two main architectural
types, assuming that all current and future systems are multi-processor in nature.
Multiprocessing systems can increase performance, hasten response time, and simplify
software development. As its name implies, a multi-processing system uses more than one
processor to solve an application task.[1]

These generic architectural processing types are referred to as either symmetric multi-
processing (SMP) or asymmetric multi-processing (AMP). Deciding between tightly
coupled symmetric multi-processing and loosely coupled asymmetric multi-processing
architectures is a matter of application rather than technology. When dealing with stringent
real-time requirements, generally one architecture will perform better than the other.
Additionally, subsets of the above architectures include non-uniform memory access
(NUMA), network of workstations (NoW), and distributed shared memory (DSM). Since
this paper is geared towards the architecture of telemetry and data acquisition systems, we
will deal primarily with the most common architectural types.



In the tightly coupled approach, separate processors share the same memory space. This
allows them to work on the same data simultaneously (see Figure 1). Such an approach
necessitates using an SMP-capable operating system like Windows NT. This can work
well for math-intensive applications, but requires the overall architecture to remain
completely heterogeneous.

The main benefits of using an SMP architecture are:

• Processes are executed in priority order, with higher priority processes always executed
over lower priority processes

• Each processor has its own queue of processes

• Synchronization is in the hardware

• Allows a single machine to do more work

• Allows better predictability for running tasks

• Allows systems to be scalable

• Inexpensive SMP computers are available off the shelf [2]

Without the requirement to merge time-coherent dissimilar data streams or provide small
grain processing for time determinism, a heterogeneous SMP architecture provides a more
cost-efficient and simpler solution. Many times, the solution can be provided in an
inexpensive form factor such as ISA or PCI (see Figure 2).

Figure 1. Symmetric Multi-Processing
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In the AMP configuration, each processor has its own memory and local devices, but
shares information with other processors via a common interface such as Ethernet or
ATM. A more efficient usage is found in AMP architectures that share the same high-
speed computer backplane as the interface (see Figure 3).
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By nature, AMP configurations allow all processors to perform on their own data
concurrently, thereby eliminating the latency generated by processor contentions.
Additionally, AMP systems support the running of differing operating systems
concurrently, thereby imposing fewer restrictions on component and software selections.
Streaming tasks can be handled by dedicated chip sets and software suited specifically to
given tasks, while staged data flow applications are most often handled by dissimilar
hardware and software. A software example would be using a UNIX-based operating
system to control graphical user interface functions such as setup, control, and data



display, while using an embedded operating system such as VxWorks to handle data flow,
bus arbitration, and overall performance management tasks. In this way, tasks and
processors can be divided, where one processor handles real-time interrupt processing and
control, one handles GUI control, and another handles archiving.

DATA-DRIVEN ARCHITECTURE

In typical telemetry ground station processing architectures, data-driven designs are used
as a baseline methodology that is “wrapped” around a system bus as the primary data flow
path (see Figure 4). The necessity for this is validated by the timing characteristics of the
reconstructed data, especially when the data is derived from multiple sources with different
time bases.
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Using a scalable multi-processor architecture permits additional computing and
input/output resources to be added as required. In addition, a distributed data-driven
architecture guarantees deterministic data merging and processing.

What’s more, if the multi-processing architecture uses a broadcast mode arbitration
scheme, independent processors and I/O controllers can accomplish a host of tasks without
affecting the throughput of the bus. If you use the example of the system pictured in Figure
4, you will see that all the data is first processed at stage 1 (decom). The data is then
passed on in stages 2, 5, and 8 to be processed independently and concurrently. Finally,
the data is processed in stages 3, 4, and 7.



Staged data flow architectures are currently best served by RISC processors. These are
defined by applications that take in a flow of data, process that data, and then move the
refined data on. RISCs make good data flow processing engines. They have fast cycles,
they can process data on each cycle, and they have regular wide bus interfaces. They can
also be pipelined and easily process streams of data. The current fourth-generation RISCs
are superscalar machines, i.e., they can effectively issue multiple instructions at each
pipeline clock cycle. Leading-edge RISCs can actually sustain three or four instruction
executions per cycle.

STREAM COMPUTING ARCHITECTURE

Stream computing refers to handling data from sources that are typically unrelenting and
require processing in real time. Typically, these applications have been focused on high-
rate sensors like radar, sonar, and medical data such as MRI and CT.  Current telemetry
sources that have ‘stream’ or unrelenting data sources include imagery from low earth
orbiting (LEO) satellites and telemetered sensor data as well as video and other imagery.
An example of a stream computing architecture is shown in Figure 5.

By definition, stream computing requires the transfer of high-volume data. Breaking the
data up into packets increases latency and presents ordering problems (additional latency)
during reconstruction. Solving the latency problem adds complexity, which in turn
increases the size of the solution. Packet-type telemetry data in a high-rate single-stream
application is one area in which SMP-type architectures excel (see Figure 6). Managing
the breakdown of the data to its smallest processed component and taking care of the
network administration is done with high efficiency in a multi-processor environment
running under a single operating system.

In highly demanding stream computing applications like radar or medical imaging
processing, a flow of data constantly enters the system from external sensors. These
sensors are typically high rate and similar in type and sample rate. The data must be
processed in real time and then sent on to be processed further and displayed or used to
stimulate another system. Systems in such scenarios combine the best of scalar and vector
processing in a heterogeneous mix of multiple processor types, including digital signal
processors (DSPs), RISCs, and custom ASICs. More often than not, these solutions are
based on switched fabric or ring topologies.
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Figure 5. Stream Computing Architecture

In the telemetry world, stream computing applications are more likely to ‘mix’ sensor
types and rates across a wide variety of hardware and platforms. Processing is slanted
toward scalar operations like table look-ups, jumps, and conditionals. If there is a need for
vector tasks like signal filtering, it is done in specialized single-board computers (SBCs)
that are typically DSP-based. The need to retain signal conditioning flexibility and a
modular architecture outweigh the requirements for homogenous architectures. The net
result is that when multiple data sources are input and have to remain time coherent,
system buses are a more deterministic solution than switched fabric or ring topologies. The
main reason is that complexity becomes a limiting factor in real-time scalability. Latency
and software overhead become issues to overcome as opposed to the more straightforward
solution of a single system bus.



Figure 6. Packet Telemetry Stream



MIXED ARCHITECTURE DESIGN CONSIDERATIONS

Many issues need to be addressed when starting to review data processing requirements
and selecting the best new system design architecture. The following are the most salient
areas of concern for the system designer/integrator.

• How designing either symmetric or asymmetric multi-processing elements into future
telemetry acquisition systems affect concurrent data operations and processing tasks.

• The effect of deciding what type of arbitration scheme will best handle the flow of data.

• The advantages and disadvantages of designing systems that follow heterogeneous
processing architectures and structured arbitration schemes.

• The effects bus, processor, and network selection can have on hardware selection
during the design process, as well as their impact on future growth and migration paths.

• The benefits and drawbacks to system performance parameters, such as time coherency
and data latency, as they relate to stream and data flow architectures.

• The effects on cost and schedule of implementing a new system design based on early
decisions about commercial products versus in-house design.

• How the change in current telemetry system design trends is partially defined by
changing network paradigms and the interrelationship between processor types and
their network counterparts.

• Design considerations given in choosing a PC architecture in lieu of a larger VME
system and the trade-offs associated with such decisions.

MIXED ARCHITECTURE SYSTEM

The following section demonstrates a current state-of-the-art mixed architecture processing
system. This system is used as an airborne acquisition platform for acquiring, processing,
displaying, and archiving multiple types of data in real time (see Figure 7). The data types
can be input from multiple sources and have varying physical properties. The system
acquires and processes data at over 32.4 Mbytes/sec. Table 2 shows the variety of input
data stream types, interfaces, and aggregate rates.



Table 2. Data Types for Mixed Architecture System

Type Quantity Rate
Aggregate Rate 

Mbps
Interface Type

Video 2 124.8 Mb 249.6 Mbps DCM / VCC
RS-232 7 287 kb 2.09 Mbps High-Speed SIO
RS-232 2 2 Mb 4 Mbps High-Speed SIO

MIL-STD-1553B 3 1 Mb 3 Mbps 1553 Bus Monitor
ARINC-429 2 100 kb .2 Mbps ARINC Monitor

RS-485 2 100 kb .2 Mbps High-Speed SIO w/ IP
Analog 5 35 kHz .175 Mbps Analog Ports Module

Since the data types vary substantially in both rate and type, an AMP-type system with a
broadcast mode arbitration scheme, independent processors, and I/O controllers will work
the best. The video data is streaming in nature and varies with image size. All other data
sources are synchronous.

The streaming video data is fed into a 512 MB FIFO buffer on a Data Capture Module,
allowing the system to handle up to 40 seconds of high-rate bursting data. This is possible
because the hardware handling this process runs independently of the hardware processing
the other types of data. The data stream is placed into local memory and is transferred via
DMA to the SCSI controller under the supervision of a ‘state machine’ or logic that is
resident on a local field programmable gate array (FPGA). Using an FPGA saves board
real estate and power by not having to control a microprocessor or DSP locally.
Eventually, all the data is fed through an Ultra SCSI interface to be archived on a RAID
subsystem. Time coherency is maintained by applying time tags to all data as it ‘hits’ the
bus. The latencies are easily defined for each I/O type of interface.

Data processing, such as engineering units conversion, bit manipulation, and derived
measurement calculations, is done in the Field Programmable Processor (FPP). The FPP is
designed with a state-of-the-art RISC processor that runs the VxWorks real-time operating
system. This provides fast and predictable interrupt responses like:

• 10 microsecond interrupt latency

• 20 microsecond raw context switching

• 50 microsecond complete interrupt service time

This processor allows fine-grain processing on every data sample when required and runs
concurrently with other I/O operations. The system’s utilization of an embedded real-time
operating system to control time-critical functions, while simultaneously running a UNIX-
based operating system for display and control functions, is a hallmark of an AMP-type
system architecture.
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Figure 7. Mixed Architecture System

CONCLUSION

Data sources in the telemetry world are changing. Packet telemetry, high-rate imagery, and
asynchronous data sources are now the norm instead of time division multiplexed data
streams. When there is a requirement to mix these types of data streams, a scalable
asymmetric multi-processing system that shares a high-speed computer backplane is the
most efficient architecture. Using a high-speed bus as the primary data flow path allows a
high degree of time-determinism and defined latencies. The integration of multiple data
type-specific processors allows for concurrent operations on separate data sets, thereby
eliminating the latency generated by processor contentions. Additionally, if a broadcast
mode arbitration scheme is used, concurrent processing tasks will not affect bus
throughput.
By contrast, if the requirement is to process, archive, and route a single telemetry stream
from a high-rate streaming source (such as imagery from a satellite), then a symmetric
multi-processing type of architecture running under a single operating system will provide
a more cost-effective solution, while retaining the performance necessary to accomplish
the task.
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ABSTRACT

In the past, typical telemetry systems for munitions and small missiles have often
comprised adaptations of monolithic components originally conceived for aircraft or large
missile applications. Programs have developed expensive monolithic systems to meet the
needs of specific programs, but they often require extensive redesign for use by other
potential users. The tri-service HSTSS Integrated Product Team (IPT) determined that a
monolithic “one size fits all” approach has technical and fiscal risks. Thus, a modular
approach to system development has been adopted. The HSTSS IPT is flight qualifying
commercial microelectronic products designed for environments similar to that of munition
interiors, and is developing microelectronic components required to complete a
subminiature system. HSTSS components can then be integrated to support the form factor
and measurement needs of any given user. In addition to offering a flexible system to the
user, the HSTSS lends itself to upgradability (modernization through spares).

KEY WORDS
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INTRODUCTION

Government munition developers and test ranges require on-board instrumentation systems
to gather data, ascertain, and verify munition performance characteristics. In the past, few
options were available to determine the internal characteristics of a weapon system under
test, and the resulting failure analysis was often a random, trial and error process.

HSTSS is to provide telemetry capability in the harsh space-limited environments
encountered within munitions, and is intended for use in artillery, direct fire, medium
caliber and small missile programs. The system provides test data that has been
unavailable or difficult to attain due to the inability of technologies to fit, survive, and
operate within functioning test articles. HSTSS is a tri-service program that has fostered
and promoted partnering between the US Government, Contractors and Foreign Military
Test Activities.

Installed on weapon systems under test, HSTSS component suites will comprise rugged,
modular, subminiature instrumentation system components to acquire flight performance
and system status data, and telemeter the data to a ground receiver station in support of
range test and evaluation activities. HSTSS components may be integrated to support the
form factor and measurement needs of any given user. While offering a flexible system to
the user, the HSTSS can upgraded, and thus will avoid obsolescence. System components
are currently being developed and validated for use in HSTSS systems. The tri-service
HSTSS IPT has determined that a monolithic “one size fits all” approach has technical and
fiscal risks. Thus, a modular approach to system development has been adopted. The
HSTSS IPT is flight qualifying commercial microelectronic products designed for
environments similar to that of munition interiors, and is developing microelectronic
components required to complete a subminiature system.

DETERMINING AND MEETING USER NEEDS

There are multiple HSTSS IPTs with crossed membership chartered with the task of
successful communication between user and developer. The tri-service user community
supported by HSTSS is broad and dynamic, requiring a variety of measurement system
capabilities. For example, indirect fire munitions (U.S. Navy & U.S. Army) may incur
launch shocks of 30,000 g’s and spin up to 350 rps, followed by a non-dynamic trajectory.
Small missiles (U.S. Air Force & U.S. Navy) may spin at 40 rps and incur shocks of over a
hundred g’s, with a flight pattern that is dynamic, with substantial vibrations. Direct fire
kinetic energy munitions (U.S. Army) can incur launch setback shock of 100,000 g’s. In
order to assure user needs are determined and understood a multi-service IPT was formed
with user representatives as members. This IPT meets semi-annually, with additional
meetings on an as-needed basis to update requirements, and to assure the program is on



track to meet user requirements. In order to assure needs are met, Working IPTs including
user representatives and development contractors meet continually (i.e. bi-weekly
teleconferences) during the development and validation processes. Throughout
development and maturation of the HSTSS program, tri-service representation has
continued, and user involvement is prevalent within HSTSS IPT’s to maintain accurate and
complete requirements from which HSTSS is designed.

MODULAR APPROACH, A STRATEGY FOR SUCCESS

During 1998, the HSTSS integrated product team embraced an “open architecture”
philosophy resulting in a modular, interoperable system that will obviate the need for many
independent instrumentation developments. The fiscal year 1998 transmitter chipset and
the data acquisition chipset (DAC) contract awards were based on this philosophy. HSTSS
components and modules are flexible and programmable, and are designed for
incorporation into a myriad of platforms. Component architecture leverages advances in
microelectronics technology to provide on-board instrumentation that will survive and
operate in the harsh environments weapon systems experience during launch, flight and
impact. Telemetry transmitter chipsets, data acquisition chipsets, sensors, and batteries
will be integrated to accommodate applications in the direct fire, indirect fire and small
missile system mission areas.

The modular design approach supports users with varying challenges by offering flexibility
to support unique form factors and performance requirements. Devices will be available in
various packaging schemes, such that they can be used where space is very limited, as
stand-alone systems, incorporated into a module, or integrated into weapon system
electronics:

• Die level integration for users with very limited space and MCM processing
capability.

• Chip level integration for users with somewhat limited space and capability to build
chip level electronics systems.

• Module level integration for users who desire functional LRU level modules.
• System level integration, for programs requiring many identical complete HSTSS

instrumentation systems.

In addition to meeting various user integration requirements, a modular (“open
architecture”) approach encourages longevity for the useful life of HSTSS and reduces
program risks. To avoid obsolescence and employ the latest available technologies,
HSTSS may be updated through a program of “modernization through spares”. Interface
requirements between modules are being considered and standardized to the extent



practicable. Also, programmable aspects of system allow leeway for evolution of user
requirements.

HSTSS DEVELOPED PRODUCTS

HSTSS development efforts have concentrated on advancement of the state of the art for
subminiature components and modules unique to the T&E community. As new devices
become commercially available, the user market is expected to expand. Survival of these
components (e.g. integrated circuits) in a high-g environment leads to employment of some
basic design principles: small size, low mass, small wires and connectors, plastic parts,
and provision of support to physical structures.

DATA ACQUISITION CHIPSETS (DAC)

Systems and Processes Engineering Corporation (SPEC), in Austin, Texas is under
contract to develop HSTSS Data Acquisition Chipsets (DACs).

The DACs will acquire input data from various sensors and devices, and process the
signals (formatting and encoding) for output to the HSTSS transmitter. There are four
configurations being designed to meet a broad range of user requirements: (1) the 4
Channel PCM DAC; (2) the Programmable Pulse Code Modulation (PCM) DAC; (3) the
Frequency Division Multiplexer (FDM) DAC; and (4) the DAC delay/repeater. The four
different DAC functionalities are required due to the differences in mission requirements
and physical space available for electronics installation within unique munition geometries.

TRANSMITTER
M/A-COM, Lowell MA has been contracted to develop a set of integrated circuits
comprising a S-Band transmitter. This transmitter design utilizes technologies prevalent in
the cellular telephone industry. A modular approach to transmitter design allows
interchangeable power amplifiers for varying user requirements. HSTSS is intended to
operate at various Department of Defense Test and Training Ranges. DOD test centers and
ranges operate under the guidelines of the Range Commanders Council Telemetry
Standards - IRIG Standard 106-96 to a maximum extent. The HSTSS concept of
operations is to use existing telemetry ground stations located at these DOD ranges.

CRYSTAL OSCILLATOR

Due to requirements of the transmitter and DAC to operate with an accurate clock source,
HSTSS has contracted with STATEK, Orange, CA to develop a crystal oscillator capable
of surviving 100,000 g’s and providing a of 20 MHz clock with 20 ppm stability.



LEVERAGING COMMERCIAL DEVELOPMENTS

To encourage and aid product improvement, HSTSS has tested Commercial Off The Shelf
(COTS) components and provided test results to the manufacturer. Thereby, the
manufacturer attains information useful for product improvements and increase potential
sales. As a low cost, modular solution to the need for rugged subminiature sensors, various
COTS devices have been examined for use in HSTSS. In some cases identified products
require no modifications to support munitions tests. For example, MEMS accelerometers
developed for crash testing of automobiles have far exceeded the manufacturer
specifications for shock tolerance. They are capable of surviving shock levels experienced
in munition launches, and have flown in test firings with successful measurement results.

BATTERIES
Advances in battery technology have allowed efficiency to increase dramatically with
regard to packaging and energy density. Thin, lightweight, physically flexible batteries
may be shaped to practically any form required. The batteries tested have been primary
lithium manganese dioxide batteries, designed for ballistic telemetry applications under a
contract between HSTSS and Ultralife Batteries, Inc. Through concurrent engineering
processes between WMRD, ARL and Ultralife Inc., prototype batteries have survived
required shock, spin, and accelerations while providing constant rates of discharge
required for this application. Cells tested in a Thin CellTM format have demonstrated the
capability to provide constant rate discharge while surviving 100,000 g forces in 3 axes.
Commercial cylindrical Ultralife Li/MnO2 cells are capable of surviving 20,000 g forces
and spin rates of 300 Hz.

Global Positioning System (GPS)
Several organizations, including HSTSS and the Joint Advanced Missile Instrumentation
(JAMI) program are involved in testing GPS systems for use in missiles and munitions.
HSTSS is investigating benefits of translator vs. receiver technologies and their
applications to high shock environments. HSTSS will be testing GPS chipsets, studying
functionality and survivability of commercial technologies in missile and munition
operational environments.

ACCELEROMETERS
Currently, there are commercially available accelerometers designed to survive and
measure linear accelerations encountered in munition testing. The U.S. Army routinely
uses these devices, such as those made by Endevco Inc. with excellent results.

Commercial Microelectromechanical (MEMs) accelerometers utilized by the automobile
industry may offer significant advantages in cost, size, weight, and power requirements for
use in munitions testing. At the U.S. Army Research Laboratory (ARL), in Aberdeen MD,



tests were conducted to characterize inexpensive commercially available MEMS
accelerometers.

Initial tests identified devices that exceeded the manufacturer specifications for shock
tolerance to the degree necessary for use in munition testing. Analog Devices engaged in
an iterative process to determine internal performance and failure modes of their
commercial accelerometers when subjected to high shock. ARL performed shock tests on
Analog Devices’ ADXL50 and ADXL05 accelerometers, and delivered them to Analog
Devices for analysis.

SPIN SENSORS
A spin rate sensor measures rotational velocity/position (providing one pulse per
revolution as output), and has successfully flown on a 155 mm projectile by the
WMRD/ARL. The SCSA50 is a miniature Giant Magnetoresistance Ratio (GMR) sensor,
made by Sensor Applications, Waterford Connecticut. When the sensitive axis is in line
with the earth’s magnetic field, the sensor output is a specific voltage. Output may be
digital or analog, and cycles with each revolution. Ground and flight testing of this device
has yielded favorable results. The frequency range of this sensor is 60 Hz to 1000 Hz.
Lower bandwidth sensors are needed and under development by Sensor Applications.

ANGULAR RATE SENSORS

Magnetohydrodynamic (MHD) technology, developed by ATA Sensors was employed as
part of an IMU developed by HSTSS IPT members in support of ATIRCM to fly on small
missiles. The MHD sensor measures angular vibrations from millidegrees/second to
kilodegrees/second in the frequency band from 0.1 Hz to over 1,000 Hz.

Microelectromechanical (MEM) angular rate sensors are under development through
DARPA efforts. Various companies are developing potentially inexpensive micro-
miniature, angular rate sensors for use in the automotive industry. These developments are
expected to meet HSTSS needs

SYSTEM ASSEMBLY & PROTOTYPING

PACKAGING
A primary requirement of HSTSS is the miniaturization of electronics packaging. To
improve the overall performance and reliability of electrical systems, and to reduce volume
and weight, high integration density must be realized on the board or substrate level. A
Multichip Module (MCM) allows a completely integrated electronic system with complex
functionality, using bare (unpackaged) ICs to achieve a very high integration density.



Programmable MCM technologies have been under evaluation at the Army Research
Laboratory (ARL). The Microelectronics and Computer technology Corporation (MCC)
programmable MCM technology uses a generic thin film substrate, upon which custom
circuitry is etched with a laser. Die are then attached using standard wire bonding
techniques. The Naval Air Warfare Center Weapons Division, Instrumentation
Development Branch (NAWCWPNS) performed electrical testing of the MCC MCM.
Laboratory testing at ARL has shown survivability of the MCC MCM bare substrate in
excess of 30,000 g’s.

Currently, research is being performed to develop methods of “chip piling” where bare die
are physically attached. Also, methods of stacking and electrically connecting separate
MCM boards is under investigation.

SYSTEM PROTOTYPING

As HSTSS developments mature, and technologies are validated for fielding, prototype
systems are being designed and assembled for use in existing test programs. Current users
of HSTSS technologies include SADARM, MLRS, Crusader, and ATIRCM. The
prototype DAC module being designed and manufactured will support 2.75-inch missile
applications. This device will provide analog and digital data acquisition and PCM
formatting in a much smaller form factor than is currently available, allowing more space
for other missile components, such as a GPS receiver or translator.

The U.S. Army Research Laboratory (ARL) in Aberdeen MD will lead the integration of
HSTSS devices into prototype systems. ARL possesses testing capabilities relative to
shock, spin, and vibration required for validating HSTSS components. System analysis and
modeling is performed early in the prototyping process, and components are selected.
Mechanical and electrical system design then take place. Air gun testing and flight
simulations are then performed to validate the prototype system prior to flight tests.

CONCLUSIONS

For continued development and success of the U.S. smart weapons arsenal, development
costs must be reduced and risks must be mitigated. HSTSS goals include provision of
previously unavailable measurement capability to the user community at very low cost. To
accomplish this, HSTSS will leverage from commercial developments, fostering
modifications required for adaptation to HSTSS requirements, and develop the remaining
system components. Users of HSTSS vary in their requirements, such that a single “one
size fits all” system is inappropriate. Therefore, a modular approach to HSTSS
development will provide the flexibility to instrument many varying configurations.



To ensure HSTSS fully supports the user community, their involvement has been
encouraged since the beginning of the program, during the collection of requirements
(technical, fiscal, and schedule). User involvement will continue as HSTSS components
are validated as systems.
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ABSTRACT

This paper briefly reports on concepts for hardening (physically toughening) crystal
reference oscillators for the highly integrated program known as HSTSS. Within the
HSTSS program is the L & S band transmitter development contract. The harshest
requirements for this contract are surviving and functioning, to within 20 ppm of its
center frequency, 30 ms after sustaining a shock pulse of 100,000 (g) for 0.5 ms on any
axis. Additional requirements call for the transmitter to be no larger than 0.2 in3, and to
operate within a 20 ppm frequency stability throughout the temperature range of -400 to
+850 centigrade and during centrifugal spins of up to 300 Hz or 25,000 (g).
Fundamentally the question is, is it feasible for any telemetry system to be capable of
withstanding such harsh conditions and, to be practical on all DoD Test Ranges, still
adhere to the stability tolerance guidelines set forth by the Range Commanders Council
on Telemetry Standards - IRIG 106-96? Under "normal" conditions, stability
requirements for "Range" transmitters are easily satisfied through the use of off-the-shelf
crystal reference oscillators which provide the reference frequencies required within a
transmitter's phase lock loop circuitry. Unfortunately, the oscillator is also the most
vulnerable part of a transmitter to the conditions listed and is the key to this problem. The
oscillator's weak points are in its resonator's fragile quartz structure (the blank) and
support mechanism. The challenge is to invent and adapt this area to these newer harsher
conditions and to do it in the smallest space ever required.
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INTRODUCTION

The overriding issue for any DoD telemetry system is its adherence to the regulatory
guidelines set forth by IRIG 106-96. The issue centers on frequency management.
Staying within ones assigned frequency while conducting Range operations. From a
technical point of view, this issue ties back to the stability of the transmitter and to the
reference oscillator which controls that stability. Frequency instabilities are generally
caused by environmental conditions, barring any overt design or component problems.
Traditionally, highly stable transmitters have used crystal reference oscillators, since
under "normal" conditions, they provide the highest stability of any known substance due
to their own natural piezoelectric properties. However, as a whole the crystal industry has
not had much involvement with "high-g" or miniaturization. In part, this is due to a lack
of market place interest or requirements, and is tied to the paradigm in thinking that high
shock and crystals are completely incompatible. Consequently, the whole crystal industry
is non-standardized in this field with many approaches conflicting in theory. To date most
work has been trail and error, and because of the proprietary nature of the game, mistakes
and successes are not know or universally understood. Technically, very few choices are
even available. The crystal reference oscillator is thought to be best suited for this
application because of the already existing work at higher (g) and the development in
them, over the last 20 years, to specifically address frequency management and stability
issues. In May of 1999, the US Army Yuma Proving Ground in Arizona awarded a
contract to develop oscillators to meet the above harsh requirements. This contract is of
particular importance since both the HSTSS Transmitter and Data Acquisition contracts
are looking to it for success as a reference oscillator and as a clock, respectively.

BACKGROUND TECHNICAL INFORMATION

ABOUT QUARTZ
Quartz naturally exhibits piezoelectric properties. Applying a voltage to the opposing
surfaces of a piece of properly oriented quartz (the Blank) will make it change shape or
deform mechanically. Conversely, mechanically deformation of the quartz blank will
produce a corresponding voltage. The natural mechanically resonance frequency of the
crystal blank can be exploited to produce an AC frequency signal by applying a similar
AC voltage frequency through a feedback loop amplifying circuit. Start up is automatic
from the DC powered amplifier, which with the proper feedback will sustains the
oscillation at that natural frequency. The frequency is determined by the cut, size and
thickness of the blank. Although there are many crystal cuts, the most commonly used at
higher frequencies (one MHz and above) is the AT cut. The AT cut is the first discovered
temperature compensating cut and depends strongly on the angle and precise direction of
the cut with respect to the crystallographic axes of the quartz bar.
See Figure 1.



RESONATORS
A resonator is a structure that hermetically houses the crystal blank, the blank's support
mechanism and its electrode connections. In an AT resonator, the blank is an AT-cut
piece of quartz with two parallel or slightly convex surfaces, usually about the size of a
nickel or less. Electrical connections are made to the crystal by metallizing the two
parallel faces on opposite sides of the crystal blank. These electrical connections also act
as the support post, which suspends the blank inside the housing structure. The crystal's
resonant frequency is inversely proportional to its thickness between these two metallized
surfaces. Applying a voltage between the two metallized surfaces causes the AT crystal
to move sideways internally in a thickness shear movement, as shown in Figure 2.

FIG. 1  Orientation of the AT-cut to the quartz bar.

FIG. 2   Shear motion of an AT-cut crystal at fundamental resonance.



CIRCUIT
A traditional equivalent circuit using lumped constant elements for the crystal is shown in
Figure 3. The RS, LX, CX portion of the circuit represents the "motional arm," which
arises from the mechanical vibrations of the crystal itself. Inductance Lx and series
capacitance CX represents the crystal's frequency-sensitive elements. C0 is called the
shunt capacitance, which is the capacitance between the two-metallized surfaces. This
also includes the electrode contacts attached to these surfaces. This capacitance usually
runs about 3-15 pF for most crystals. The series resistance RS of a typical crystal of any
type of cut varies from about 10 ohms at 20 MHz to a few hundred ohms at 1 MHz. CL is
a load capacitor and is shown in series. This capacitance is often used to tune the
resonator. By making CL a varactor and coupling it with a thermister, external
temperature compensation is possible. The idea is to pull the frequency to the opposite
direction of the temperature effect by using a temperature sensing thermister, which
responds by sending a corresponding voltage to the varactor CL. The varactor responds by
automatically adjusting its capacitance to the new voltage received.

FIG. 3  Equivalent circuit for a quartz crystal near fundamental resonance.

GENERAL
Given enough space and power, many extreme conditions such as high or low
temperatures or shock can be nullified through physical buffering or isolation. Successful
techniques for nullifying temperature effects have been through oven controlling, varying
the angle on how a crystal blank is cut from its quartz bar and pulling the frequency of a
resonator in the opposite direction from its temperature effect by changing its
capacitance. For shock, most of the technology today is crude and centers on techniques
of padding or suspensioning. In the past 10 years, some advancement has been made with
the concept of using a flat quartz sandwich type structure for protecting the crystal blank
from shock and to insure that the blanks used were free of physical scratches. Traditional,
methods for mounting blanks usually consist of two, three and four point mounting
designs, where small springy wires are bonded to the metallized surfaces of the blank.
Support designs range from tabletop to paddle type structures. See Figure 4. Drawbacks
on many of these approaches are still increases in overall size, power consumption,
warm-up time and cost, as environmental conditions generally worsen.



FIG. 4  Typical construction of AT-cut and SC-cut crystals.

CONCEPTS FOR HARDENING AND MEETING REQUIREMENTS

PROBLEM
Technically, the apparent dilemma HSTSS faces is in its requirement of being
subminiature, therefore, not having the luxury for the physical space traditionally
required for solving the "normal" environmental requirements, let along the extreme
ones. Specifically, the extreme environmental requirements that must be addressed are:
Surviving high-g shocks of 100,000 (g) for .5 ms on any axis; Operating within a 20 ppm
stability during centrifugal spins of up to 25,000 g; Operating within a 20 ppm stability
through the temperature range of -400 to +850 centigrade; and To have an oscillator no
bigger than 0.35" X 0.3" X 0.15" or a volume of less than 0.058 in3.

HIGH (G) BLANK
Recently, a new theory has emerged where "hardening", protection against high (g) in
this case, does not necessarily mean big, thick or even padded, but relies on the concepts
of smallness and the elimination of flaws and stresses within the crystal blank's structure.
The concept of smallness simply means less mass, therefore, less (g) effect! Techniques
for cutting down the physical size of the crystal blank are the key here, since the
frequency of a crystal is inherently tied to its size or mass. The larger the crystal the
lower its frequency and conversely, the smaller a crystal the higher its frequency. The
concept of reducing flaws and stresses to increase how much force or shock a crystal
structure can physically take before failure, not only makes sense, but is well founded in
the science of crystal theory. Flaws and stresses are points of initiation for fractures that



lead to breakage. Flaws to a crystal blank are scratches, nicks or can be external
contaminates, such as imbedded polishing compounds left in from processing. On a
molecular basis, flaws can be within the crystal lattice where the silicon dioxide quartz
structure has not correctly formed or metallic trace ions (Na, Al, and Fe) are substituted
or trapped within the crystal matrix. Stress is stored energy in the form of non-uniformed
and undistributed bond energies. Abrupt relief of that energy can result in fractures within
the crystal matrix.

The point or theory is: Given a perfectly flawed and stressed free crystal blank;
there is a point where a sufficient reduction in mass will yield an inherent frequency
and a structural integrity capable of surviving a corresponding maximum force.

For the HSTSS program, that maximum force is 100,000 (g), at a frequency of 20 MHz
with its crystal mass significantly reduced and free of flaws and stresses. The thought is,
through processing and good standard methods and practices, the flaws and stresses can
be eliminated. Note: During the manufacturing process, high purity materials, high
standards, carefully controlled curing and annealing techniques, and an environment free
of contaminants are mandatory for producing the kind of results and reliability required.

SWEEPING
Sweeping, is a process which removes excess ions, mainly sodium ions, during the quartz
growth process. The process consists of introducing the quartz ingot to heat and a strong
electric field. Excess ions migrate to their prospective ingot ends. Those ends are cut
away, leaving a "swept" quartz ingot. The technique was first used to harden against
radiation, which the Sodium ions absorb causing frequency instabilities. According to
theory and some evidence, it is thought that this technique will also further harden
crystals against shook.

HIGH (G) MOUNTING
The other part of this problem involves the actual mounting of the crystal blank itself or
its support mechanism. It is the combination of the blank, the mounting of the blank or
supports of the blank, the electrode connections and the hermetically containing of the
blank which all makes up the resonator. The state-of-the-art concept and goal is to
mount a rectangular shaped quartz blank as a cantilever between two ceramic lids. One
end of the cantilever is fixed while the other end is dampened with supporting material to
further guard against extreme shock. This design is thought far superior to traditional
mounting methods and has already been proven successful to shocks of 30,000 (g). The
goal is to further miniaturize this process from the current existing design.

HIGH (G) OSCILLATOR
Techniques for hardening oscillators rely on smallness and short direct connections.
Modern high-density plastics packaging, when properly potted, have shown capable of



surviving in excess of 100,000 g. On a circuit level, pierce designs have shown good
stability under harsh conditions. It is though that the combination of an integrated simple
pierce design to the hardened resonator, using the same techniques discussed above,
should meet the intended goals.

TEMPERATURE
It is thought that the HSTSS temperature stability requirement can be met with the proper
AT crystal cut only. No external temperature compensation would be necessary. See fig.
5. Note: This is also in line with the theory of smallness for surviving high-g and is
absolutely necessary if the oscillator is actually expected to meet the restrictive space
requirement.

FIG. 5   Temperature characteristics of AT-cut crystals versus slight changes in cut-
angle.



STABILITY UNDER HIGH (G)
How does high-g influence the stability of an oscillator during its operation? Given that
the resonator does not fail or the blank is not pinned against a surface, best estimates are
that a frequency gives rise to change by 10-9/g to 10-10/g. At 25,000 (g) the change in
frequency `fo would be between 2.5 to 25 ppm. Note: The Transmitter requirement is 20
ppm and the Data Acquisition requirement is 200 ppm.

CONCLUSION

The HSTSS strategy of theorizing about high-g oscillator successes and conducting a
thorough search for companies practicing those same theories, has successfully lead to
the contractual award of a development contract with STATEK corporation, the leading
manufacturer in the field of high-g oscillator work. Base on this company's previous
work, current developed products and theories of practice, it is concluded that the
stability goals of the HSTSS Transmitter program are feasible. Crystal reference
oscillators meeting the discussed desired goals will be available at the end of FY 2000.
Other oscillators, a 500 (g) and a 30,000 (g), meeting similar goals will be ready early
and mid FY 2000, respectively.
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ABSTRACT

To meet specific test and evaluation requirements, the Hardened Subminiature Telemetry
and Sensor Systems (HSTSS) program is addressing the miniaturization and ‘G’
hardening of telemetry components. Two custom Integrated Circuits (ICs) are in
development to support the design of miniature Pulse Code Modulation (PCM) systems
with up to 128 analog input channels. This paper describes the design and development
of the custom IC chips of the HSTSS Data Acquisition Chipset (DAC). The original
requirements, the roll of the Integrated Product Team (IPT), design decisions, a
discussion of the additional features, and practical limitations of the Data Acquisition
Chipset will be covered.

KEY WORDS

IRIG-106 PCM, Custom Integrated Circuit, Signal Conditioner, Integrated Product Team
(IPT).

INTRODUCTION

A severe problem in the testing and evaluation of projectiles and missiles is the lack of
volume available for on-board telemetry instrumentation. Telemetry is sometimes an
afterthought in the system design or is utilized as a tool if failures are encountered after
limited initial production has started. The HSTSS project has chosen to address the
volume limitation issue by developing miniaturized telemetry building blocks. In
particular the project has initiated the design and development of a Data Acquisition
Chipset (DAC). The DAC is a set of custom integrated circuits (ICs) which will be used
to support the flexible design of telemetry instrumentation compatible with IRIG-106
standards.



The original specifications outlined a four-channel PCM DAC [1] with a fixed frame
format and word size and a 64-channel PCM DAC [2] with a programmable frame format
and fixed word size. These were to be the initial building blocks for the HSTSS PCM
systems. The two specifications were mutually exclusive, but the actual intent was to
arrive at a single chip set solution that would satisfy both sets of requirements.

REQUIREMENTS

The following is a summarization of the original specifications for the four-channel PCM
DAC and the 64-channel PCM DAC:

The four-channel PCM DAC will operate at +5.0 (±10%) VDC (VCC). The maximum
current consumption will not exceed 50 milliamperes (mA). The four-channel PCM DAC
will be packaged in a surface mountable plastic package not to exceed 14 mm by 14 mm.

The four-channel PCM DAC will have four analog input channels with an input
impedance greater than 1 Meg Ohm and will accept signals from 0 to VCC Volts. An
analog multiplexer will select one of the four inputs and route that signal to an analog to
digital converter (A/D). The A/D will sample the signals from the multiplexer at up to
480 kilosamples-per-second (kS/s). The A/D will provide a 12-bit word conversion with
a minimum SNR of 54 dB. The data will be PCM encoded in accordance with the IRIG-
106-96 Telemetry Standard. The PCM DAC will be capable of output bit rates from 62.5
kilobits per second (kb/s) to 10 megabits per second (Mb/s).

If the internal clock is used, the encoder bit rate stability will be within 2%. If an external
clock source is used the encoder bit rate stability will be within 0.1% of the external
clock stability.

The output code type will be NRZ-L or RNRZ-L. The default will be NRZ-L. The frame
synchronization pattern will be FAF320 in hexadecimal and will be placed at the end of
the frame. A 12-bit word frame counter will increment with each occurrence of the
synchronization word. The frame format will be 7 words-per-frame and numbered in
sequence from 1 to 7, where the first 4 are the four analog channels, followed by a frame
counter word, and 2 sync words. Word alignment will be most significant bit first.

The 64-channel PCM DAC required all the above, plus the following additional
requirements:

The PCM frame format will be programmable with 7 to 1024 words-per-frame.
Supercommutation capability will be supported. A PC based user-programming interface
will be provided to select the frame format and signal conditioning values.



The maximum current consumption will not exceed 250 mA at 10 Mb/s. The maximum
package shall be a disk, which is 2.3” in diameter and 0.25” thick. This disk diameter and
thickness is compatible with a 2.75” missile application.

The PCM DAC will have the ability to acquire and condition 64 analog input signals with
programmable gain and offset voltages. The PCM DAC shall include; an asynchronous
RS-232/RS-422 serial input interface that will operate at selectable baud rates of 56K to
5M baud with 8 bits, 1 stop bit, no parity, or 8 bits plus parity; a 12-bit parallel TTL
compatible input port with handshaking, operating at up to 900K words per second; and
twelve discrete input channels.

RESULTS OF THE SOLICITATION

Systems & Processes Engineering Corporation (SPEC) responded to the specifications
and proposed a two-chip and Circuit Card Assembly (CCA) solution to meet the above
design requirements. One chip (later called a PCM DAC) integrates a 12 bit, 480 kS/s
Analog to Digital converter and four input multiplexer, with a programmable frame
formatter. Another chip called the Input Signal Conditioner (ISC), integrates 16 analog
channels, with independently selectable gain and offset, and a 16 to 1 analog multiplexer.
The CCA, which is covered in another paper, combines the two chip types and allows for
the testing and validation of the design for the 64-channel system. See Figure 1 for a
block diagram of the original ISC chip and Figure 2 for a block diagram of the original
PCM DAC chip.

THE INTEGRATED PRODUCT TEAM

The Integrated Product Team, consisting of SPEC, Army, Air Force, and Navy
representatives set out to improve on the original requirements and the proposed design.
The goal was to make the chip set more universal, without affecting the contract, if
possible, thus applying the “Cost as an Independent Variable” concept.



DESIGN DECISIONS

One of the design changes was the addition of anti-aliasing filter for each of the 16
analog channels in the ISC chip. The original plan called for each channel to have an
output pin after the gain and offset circuit and then an input pin going back into the
multiplexer. This was done to allow for external anti-aliasing filters to be added based on
the sample rate and required filter characteristics. The decision to place the filters off chip
was based on calculations that indicated that the filters could not be integrated on-chip
due to die size constraints. After further studying of the design, a recalculation of chip
area was performed which resulted in the inclusion of filters for every channel (see
Figure 3 for the revised block diagram of the ISC chip). The anti-aliasing filters are
switched capacitor Butterworth type and are composed of two filter sections, 4 poles
each, which can be selectively cascaded or disabled. The cut off frequency is selectable
and is based on a submultiple of the input clock frequency.

Figure 1: Original ISC Chip Architecture
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The next improvement to the design was the addition of programmable word size. A
method was jointly devised that would allow for the implementation of PCM word sizes
other than just 12 bits. The method allows the PCM frame to consist of words with a size
of 8, 10, 12, or 16 bits. The external parallel and discrete ports were increased from 12 to
16 bits wide to accommodate the programmable word size.

Figure 2: Original PCM DAC Architecture.
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An increase in the flexibility of the PCM frame format programmability was added next.
A method was devised that would allow for the PCM frame to consist of any major frame
length between 7 and 2048 words, with up to eight minor frames per major frame. This
allows for subcommutation of the PCM words and makes it possible to implement IRIG
106 Class II PCM frames types with a maximum of 16,384 bits per minor frame [3].
Examples of possible major frames include; (a) eight minor frames of 256, 8-bit words,
(b) two minor frames of 1024, 10-bit words, (c) four minor frames of 256, 12-bit words,
or (c) one frame of 1024, 16-bit words.

A decision was also made on how the PCM DAC and ISC chips would be electrically and
functionally configured during system setup. A serial Programmable Read Only Memory
(PROM) would be used to both setup the PCM frame format and the Gain/Offset/Filter
values. The PCM DAC will control the serial PROM via clock, enable, and acknowledge
lines. If the PROM is present the PCM DAC will clock the PROM until all information is
clocked out. The DAC will simultaneously buffer and provide the serial data to the ISC
chip(s) for their internal configuration settings. If no PROM is present the PCM DAC
will power up in a default seven-word frame setting. See Figure 4 for a block diagram of
the revised PCM DAC and Figure 5 for a complete 64-channel system.

Figure 3: Current ISC Chip Architecture.
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ADDITIONAL FEATURES

SPEC’s design provides for an external memory interface capability for delaying and
repeating the captured data. The delay time is dependent on the amount of external
memory the system contains. This feature allows for the recording and later replaying of
data that may not otherwise be transmitted and received. An example of this data could
be in-bore pressure data for artillery rounds.

Several power saving techniques are planned to improve chip performance. These include
selectively clocking only the functions that are needed to perform the task at hand,
powering down the entire chip into a sleep mode, and developing the IC’s core functions
to be as power efficient as possible.

Figure 4. Current PCM DAC Architecture.
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Figure 5. Block Diagram of a Complete 64-Channel PCM DAC System.
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A minor frame counter will be available to include in the PCM stream. The frame sync
word will be IRIG 106 compliant and will consist of two words (16-bits, 20-bits, 24-bits,
or 32-bits).

A 16-bit port will be provided to allow for interfacing to an external A/D converter. This
will allow for future upgrades as technology changes and improves.

PRACTICAL LIMITATIONS

The base size of the A/D converter internal to the PCM DAC will be 12 bits with a
maximum sample rate of 480 kS/s. If a word size of 16 bits/word is selected and the
internal A/D is used, the Least Significant Bits (LSB’s) of the analog word will be output
as zeros. If 10 or 8 bits per word are selected, the Most Significant Bits (MSB’s) of the
A/D converter will be output. The LSB’s of the 16 bit external ports are not sampled if
less than 16 bits per word is selected for the bits/word.

All words in the PCM frame will have the same bit length. Any non-standard or variable
word size formatting will have to be preformed external to the PCM DAC and forced to
conform to selected word size. The formatted data can then be input through one of the
digital port interfaces, placed in the PCM frame, and then decoded after reception.

Analog input signals to the ISC and PCM DAC chips will be limited to 0 to VCC (+5)
Volts. This is necessary due to the I/O protection circuitry and the single supply rail of
the parts. The full, undistorted, analog input range to the chips will be about 0.2 Volts to
4.2 Volts. This constraint is due to the voltage reference circuitry and opamp distortion
characteristics. The above limitations require that major voltage offset and attenuation
adjustments be performed external to the chips. However, because the gain and offset is
programmable for each channel, it is possible for the input adjustment circuits to use
common component values, thus reducing system complexity and cost.

SUMMARY

This paper discussed the design and development of the HSTSS Data Acquisition Chips.
The development effort is a prime example of what can be accomplished if the
Government and Industry work together as a team. The design and development of the
HSTSS components is resulting in the creation of telemetry building blocks for use in a
multitude of applications. With the goals of low cost and ease of use for the end user, the
components will allow for the instrumentation of previously uninstrumented systems and
cost reductions to current telemetry systems. The PCM DAC and ISC chip are integral
building blocks to these systems and with the forethought of future expandability, should
remain viable components for many years to come.
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ABSTRACT

This paper presents the design of an innovative approach to Frequency Division
Multiplexing (FDM) for the STRICOM Hardened Subminiature Telemetry and Sensor
System (HSTSS) Data Acquisition Chipset (DAC) program. An ASIC (Application
Specific Integrated Circuit) is being developed by Systems & Processes Engineering
Corporation (SPEC) that implements this new digital FDM approach for telemetry
applications. The FDM ASIC provides six channels that are IRIG-106 compatible, and
may be used in conjunction with a Delay/Repeater ASIC. Together these ASICs make a
complete instrumentation system for those applications requiring very small size,
simplicity of use, and low cost, e.g. munitions/armament testing.

KEY WORDS
Frequency Modulation, Frequency Division Multiplexing, Digital Modulation,
Telemetry, ASIC

INTRODUCTION

Traditional FDM approaches are based on analog schemes in which the outputs of
frequency modulated voltage controlled oscillators are summed into a composite signal.
However, this traditional approach offers limited programmability and accuracy when
integrated into a modern semiconductor process. SPEC’s mixed-signal approach
implements the same functions, but with increased capabilities by performing all the
modulation and summing in the digital domain. This allows more flexibility to be built
into the chip, e.g. programmable center frequencies, programmable bandwidths,
programmable pre-emphasis, and cascading of ASICs to increase the number of channels.



The Delay/Repeater ASIC will accept up to three analog inputs with a bandwidth of 0 to
60 KHz and provide programmable delay times of 0 to 175 ms (with external SRAM).
The FDM ASIC and Delay/Repeater ASIC, combined, are fully IRIG-106 compliant and
provide the instrumentation community with a miniature, low power, low cost solution.

THE DIGITAL FDM ASIC: TRADITIONAL FDM WITH A NEW TWIST

Traditional FDM/FM approaches are based on analog schemes consisting of frequency
modulation (FM), voltage controlled oscillators and summer elements, as shown in
Figure 1. SPEC and the STRICOM HSTSS program have recognized a need for a
FDM/FM chip that allows more flexibility than can be achieved through the traditional
analog approach.

Therefore, SPEC is developing the Digital FDM shown in Figure 2. The main principles
are the same. It takes analog signals in, modulates them according to the IRIG 106
Telemetry Standard and sums the channels for output. The difference is that all the
traditionally analog functions in the chip are now performed in the digital domain.
However, the digital functionality is totally transparent to the user.
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The Digital FDM DAC accepts six analog inputs, and outputs the summed FDM/FM
channels. The Digital FDM’s supported default PBW channels are outlined in Table 1.
The analog inputs are linearly mapped into the phase domain where they are synthesized
and summed into a single composite radio frequency signal ready for up conversion and
transmission. Pre-emphasis amplifiers are provided to enhance selected frequency
components of the independent channels. Each channel can be independently enabled,



permitting lower power consumption in standby mode or if fewer than six channels are
required by the application. The chip can also be programmed to support both
proportional bandwidth (PBW) and constant bandwidth (CBW) channels.

Table 1: Digital FDM PBW Default IRIG-106 Channels
PROPORTIONAL BANDWIDTH FM SUBCARRIER CHANNELS

± 15 % CHANNELS
Channel Center

Frequency

(KHz)

Lower
Deviation

Limit
(KHz)

Upper
Deviation

Limit
(KHz)

Nominal
Frequency
Response

(Hz)

Maximum
Frequency
Response

(KHz)
F 93.0 79.050 106.95 2790 13.95

H 165.0 140.25 189.75 4950 24.75

J 300.0 255.0 345.0 9000 45.0

L 560.0 476.0 644.0 16800 84.0

N 930.0 790.5 1069.5 27900 139.5

P 1650.0 1402.5 1897.5 49500 247.5

The benefits to performing modulation in the digital domain are the following:
• Programmable and reconfigurable channel center frequency
• Programmable and reconfigurable channel bandwidth
• Programmable and reconfigurable channel pre-emphasis
• Cascading Chips provide an increased number of available channels

The digital channel summation out and auxiliary digital in ports are employed to cascade
the chip. Cascading the Digital FDM DAC increases available channels from ‘6’ to “‘6’ *
n of chips” so that the user is not limited to the number of channels on a single chip.
Figure 3 illustrates this principle.

The digital approach, described in the following sections, allows for more flexibility to be
built in to the chip through its increased technical capabilities. This, in turn, leads to its
use in a broader spectrum of applications including those requiring small size, simplicity
of use, and low cost.



DigFDM
DAC

…
..

1

2

3

4

n

‘n’
 Analog

Sensor Channels
In

Auxiliary
Digital

In

Analog
Channel Summation

Out

Digital
Channel Summation

OutChannel Programmability
Center Frequency

Bandwidth
Pre-emphasis

DigFDM
DAC

…
..

1

2

3

4

n

‘n’
 Analog

Sensor Channels
In

Auxiliary
Digital

In

Analog
Channel Summation

Out

Digital
Channel Summation

OutChannel Programmability
Center Frequency

Bandwidth
Pre-emphasis

DigFDM
DAC

…
..

1

2

3

4

n

‘n’
 Analog

Sensor Channels
In

Auxiliary
Digital

In

Analog
Channel Summation

Out

Digital
Channel Summation

OutChannel Programmability
Center Frequency

Bandwidth
Pre-emphasis

Figure 3: The Digital FDM DAC Cascaded System

DEFINING FREQUENCY MODULATION
Frequency modulation is a type of angle modulation. To generate an angle modulated
signal, the modulated carrier is held constant and either the phase or the time derivative
of the phase of the carrier is varied linearly with the message signal )(tm . Therefore, the
general form of an angle modulated signal is

( ) ( )[ ]ttfAtx ccc φπ += 2cos . (1)
The instantaneous phase of ( )txc  is

( ) ( )ttft ci φπθ += 2 , (2)
where ( )tφ  is the phase deviation.
The phase deviation of a frequency modulated carrier is

( ) ( ) 0

0

2 φααπφ += ∫ dmft
t

t

d , (3)

where 0φ  is the phase deviation at 0tt = .

Therefore, the frequency modulator output is

( ) ( )
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dccc dmftfAtx ααππ 22cos . (4)



FREQUENCY MODULATION SPECTRUM

To develop a digital design for the FM system, we will first consider a FM system
operating with a sinusoidal message signal,

( ) [ ]tfAtm mm π2cos= . (5)
The phase deviation, ( )tφ , for the signal is

( ) [ ] [ ] [ ]tftf
f

fA
dfAft mm

m

dm
t

mmd πβπααππφ 2sin2sin2cos2 === ∫ , (6)

where df  is the peak frequency deviation, mf  is the modulating frequency, and

m

dm

f

fA
=β (7)

is the modulation index and represents the maximum value of phase deviation for the FM
signal.

From (5) the frequency modulator output will be
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Taking the Fourier transform of ( )txc  yields the amplitude spectral density for k=0,1,2,3,4
with 1650=cf KHz, 5=β , and 5.49=mf KHz as shown in Figure 4.

Amplitude Spectal Density for k=0,1,2,3,4
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Figure 4: Amplitude Spectral Density Calculated for k=0,1,2,3 with 1650=cf KHz (Channel P),

5=β , and 5.49=mf KHz.



DIGITAL IMPLEMENTATION RESULTS

The following simulation results of the Digital FDM DAC were performed in SPW
(System Processing WorkSystem ALTA GROUP of Cadence Design Systems, Inc.).

Figure 5 shows the results of Channel P ( 1650=cf MHz) modulated with [ ]tfmπ2cos1⋅  and
5.49=mf KHz, which corresponds to 5=β .

Figure 5: Amplitude Spectral Density of Channel P modulated with 5=β , and 5.49=mf KHz.

Figure 6 shows simulation results of all channels from Table 1 being modulated with
frequencies corresponding to 5=β  on a linear scale.

Figure 6: Amplitude Spectral Density of all channels modulated with 5=β  on a linear scale.

Figure 7 shows simulation results of all channels from Table 1 being modulated with
frequencies corresponding to 5=β  on a dB scale.



Figure 7: Power Spectral Density of all channels modulated with 5=β  on a dB scale.

THE DELAY/REPEATER DAC

The Delay/Repeater DAC, shown in Figure 8, provides three channels of delayed or
delayed and repeated analog signals with a bandwidth range of 0 to 60 KHz. The DAC
Delay/Repeater provides up to 20 ms of time delay in 5 ms increments on-chip. A
maximum delay of 175 ms can be achieved using an external COTS SRAM with the
DAC Delay/Repeater. The 3 Channel Delay/Repeater DAC uses a mixed signal
implementation whereby the signal is digitized, stored in a digital memory, and
reconstructed at a later time through a digital-to-analog (D/A) converter.
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Figure 8: The Delay/Repeater ASIC



The input is fed into three independent 12 bit analog-to-digital (A/D) converters, which
are used to sample the signal waveform at a sample rate of 150 KSPS. This rate is
sufficient to meet the Nyquist criteria of the signal bandwidth and to allow for anti-alias
filter rolloff. The outputs of the A/D converters are bussed to the internal memory (3
channels x 12 bits x 150 KSPS x 0.02 s = 108 Kbits) or to the external memory interface.

For the external interface, on alternate clock cycles, data is written to and read from
memory, with the waveform time delay corresponding to the offset between the write and
the read addresses. After the data is read from memory, it is fed into three independent
D/A converters for signal reconstruction. Output filters remove spurs generated by the
D/A converter.

Programming the Delay/Repeater Chipset is done with discrete signals that are set using
dip switches and/or jumpers to provide the input control signals. The delay/repeat mode
is controlled via a dip switch/jumper. If the dip switch is set to “on”, then that channel
will be in delay mode, otherwise the channel will be in repeat mode. The delay is set for
all channels and only one delay value can be set. Since the ranges for the delay are set
from 0 to 175 milliseconds, values are encoded in four dip switches/jumpers.

CONCLUSION

SPEC’s mixed-signal approach to the Digital FDM DAC implements the same functions
as a traditional analog system, but with increased capabilities by performing all the
modulation and summing in the digital domain. This allows more flexibility to be built
into the chip, including programmable center frequencies, programmable bandwidths,
programmable pre-emphasis, and cascading of the ASICs to increase the number of
channels.

Together, the Digital FDM DAC and the Delay/Repeater DAC provide the
instrumentation community with more options and capabilities than current systems at
lower cost, less power, and smaller size.

The Digital FDM DAC and Delay/Repeater DAC should be available in the first quarter
of calendar year 2000.
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ABSTRACT

We analyze several telemetry data acquisition systems to gage the system impact of denser
custom ICs being developed under the HSTSS-DAC project. Our baseline is a telemetry
system recently developed at Eglin AFB to support 16 analog input channels, signal
conditioning and encoding for Pulse Code Modulation (PCM) using Commercial Off-the-
Shelf (COTS) ICs. The data acquisition portion of the system occupies three double-sided,
round circuit cards, each 2.3" in diameter. A comparable system using HSTSS-DAC
custom Ics will occupy only one side of one card – a factor of six-volume reduction
compared to the COTS approach.
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INTRODUCTION

The flight test of a guided missile requires the telemetry of numerous analog and digital
signals produced onboard the missile. Analog signals often include outputs from
accelerometers and rotational rate sensors. Future missile flight tests will require that more
analog and digital channels be monitored with greater accuracy and with less space and
power dissipation allocated to the telemetry electronics on the missile. This will be
possible with increasing circuit integration -- denser integrated circuits (ICs) – such as
being developed under the Hardened Subminiature Telemetry and Sensor Systems
(HSTSS) program Data Acquisition Chipset (DAC) project, and by advances in the
commercial IC industry.



To compare the system impact of denser custom ICs, we will describe examples of
telemetry data acquisition systems which were or are being developed for small-diameter
missiles with an outside diameter of 2.75". The first example is a real telemetry system
developed by the USAF at Eglin AFB, and based on Commercial Off the Shelf (COTS)
integrated circuits. We will analyze the component packaging of the Eglin system and
compare it to two designs under development which will use HSTSS custom ICs. Since
the physical volume required by a system is highly dependent on the component packaging
and interconnections we will focus our analysis on circuit card layout and number of cards
and components required to achieve a desired function.

Figure 1. Telemetry System using COTS integrated circuits.

MINIATURE TELEMETRY SYSTEM

The Eglin telemetry system is shown in Figure 1, which shows four round circuit cards,
2.3” in diameter, a pair of curved aluminum board-spacers, and a four-slot backplane card.
The curved spacers allow the four round cards to be stacked in a cylindrical housing. The
right-most card in Figure 1 is the RF transmitter. The second round card from the left
contains the digital encoder logic, which is implemented in a field programmable gate
array (FPGA) IC. The digital encoder card, supports multiple digital input channels,
multiplexing, data framing, encoding for Pulse Code Modulation (PCM), and a pulse-



smoothing filter for interface to the RF transmitter. The remaining two cards are for analog
signal processing. The two analog cards are the same type; and each one supports eight
analog input channels, signal conditioning, analog multiplexing, and analog to digital
conversion (ADC).

The system capabilities are as follows:
1. PCM Output bit rate ~0.5 to 4 Mbit/s
2. Up to 5 discrete channels (sampled at low rates), and byte wide digital input
3. Up to 16 analog channels with independent gain, offset, and 8th order low pass filter

Gain and offset programmed with logic driven 8-bit DACs
Corner frequency of 8th order filter programmed with R,C components

 Maximum corner frequency is 25 KHz (50 KHz with a minor substitution)
4. ADC: 8 bit half-flash type with 4:1 input multiplexer

Maximum sample rate (held on one input) = 1 MSPS
Signal to Noise plus Distortion (SINAD) for 195 KHz tone and 1 MSPS = 45 dB

5.  Maximum sample rate on all 16 channels simultaneously, at 4 Mb/s output rate
= 22 KSPS

The analog channel processing portion takes two out of four cards or about half the total
volume of the Eglin system. Two double-sided circuit cards are used, supporting 8 analog
channels per card, or 4 analog channels per side. Each analog channel input has a buffer
for high input impedance, rail to rail (5V) linear range, and three D to A converters for
programmable gain and offset. Each analog channel has an 8th order switched-capacitor
Butterworth low-pass filter and additional anti-alias filters. Four analog channels are fed to
an 8-bit A to D converter with a 4:1 analog multiplexer front end. There is an ADC on
each side of two cards for a total of four per system. Data is multiplexed onto a byte-wide
data bus on the backplane. The IC placement for the analog card is shown in Figure 2.

The backplane data bus is controlled by the FPGA in the digital encoder card. The FPGA
sequences the data on the bus from specific analog channels to specific word locations in a
data frame. The FPGA supplies frame counts and synchronization bytes and then serializes
the data frame to a single bit stream for transmission. The bit stream is passed through a
waveform smoothing filter before modulation of the RF transmitter. The smoothing filter
removes harmonics of the bit rate to minimize RF bandwidth. See table below for an
example data frame. Many different frame formats can be defined by reprogramming the
FPGA.
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All four cards in the Eglin telemetry system share a basic set of area characteristics
dictated by the 2.3” diameter, the cutaway for the backplane, and the footprints of the
spacers and connectors. Most important for packing high functionality into small volume is
the area available per card for attachment and interconnection of components such as IC’s
and capacitors. The relevant areas are computed in Table 1.

Table 1.  Round circuit card - available area for components

Card Dia. and maximum Area for one side 2.3 4.155
footprint
x

footprint
y

area qty. qty.*area

inch inch inch^2 inch^2
Spacer footprint over bolt holes 0.446 2 0.892
Backplane Connector 0.25 0.97 0.243 1 0.243
Backplane Cutaway 0.22 1.41 0.217 1 0.217
Segment for Test Conn. 0.27 1.63 0.325 1 0.325
Subtotal for mounting and
connectors

1.677

Card area for components - one side 2.478
Card area for components - two
sides

4.956



Most of the analog processing card’s area is occupied by passive components such as
resistors and capacitors, which are not shown in Figure 2. For example, each switched-
capacitor filter has around it five resistors and five capacitors. Each Dual Op-Amp has
around it 12 resistors and two capacitors. A summary of all components on an analog
processing card and their footprints is given in Table 2. Table 2 also shows the ratio of
components area to available area (a fill factor) to be about 56%. Because of
interconnection traces and vias this value rarely reaches above 70%, and a value of 56%
reflects a fairly tight layout.

Table 2.  Eglin Analog Card - Sum of component areas.

Eglin Telemetry 8 channel Analog board
Component footprint

x
footprint
y

area qty. qty.*area

Type inch inch inch^2 inch^2
Dual OP AMP 0.10 0.13 0.013 4 0.052
   12 small R's 0.10 0.05 0.005 48 0.240
    2 large C's 0.23 0.09 0.021 8 0.166
Octal Multiplying DAC 0.31 0.30 0.093 3 0.279
    2 large C's 0.23 0.09 0.021 6 0.124
SC filter IC 0.19 0.30 0.057 8 0.456
    5 small R's 0.10 0.05 0.005 40 0.200
    1 small C 0.23 0.09 0.021 8 0.166
    2 medium C's 0.23 0.09 0.021 16 0.331
    2 large C's 0.23 0.09 0.021 16 0.331
ADC with input mux 0.30 0.30 0.090 1 0.090
    2 large C's 0.23 0.09 0.021 2 0.041
PROM 0.22 0.30 0.066 1 0.066
Power Supply Regulation 0.25 0.44 0.110 2 0.220
totals on two sides IC's = 17 all = 161 2.762
Ratio of sum of components' area to card area 2 sides 0.557

Proposed telemetry systems under development will pack more functionality per card,
primarily with integrated circuits with more functions per IC chip. To make the
comparison easier we will use the same round card format as the Eglin system, also
allowing card area for the curved spacers and connectors.

PROPOSED TELEMETRY SYSTEMS

We will describe two proposed systems based on two custom ICs being developed for the
HSTSS-DAC program. The first IC chip is a Pulse Code Modulation (PCM) chip, which is
packaged in a molded plastic 80-lead thin quad flat pack (TQFP). The PCM chip contains
a 4:1 input analog multiplexer; a 12-bit ADC with a maximum rate of 480 KSPS, and all
the necessary logic to compose frames and serialize the data for a PCM bit stream. The



second IC is an Input Signal Conditioner (ISC) chip, which is packaged in a 100-lead
plastic TQFP. The ISC chip contains 16 analog channels with independently programmed
gain, offset, and high order low-pass filter corner frequency. At its output is a 16:1 analog
multiplexer. Both chips are described in greater detail elsewhere [1].

The first proposed system is a combination of one PCM chip and one ISC chip. It is
closest in capability to the Eglin system. It supports 19 analog input channels: 16 with full
signal conditioning and three more channels of higher bandwidth without conditioning.

The 19 analog channel system capabilities are as follows:
1. PCM Output bit rate up to 10 Mbit/s
2. Up to 48 digital inputs grouped into three universal parallel ports
3. Up to 16 analog channels with independent gain, offset, and high order low pass filter

Gain and offset programmed with logic driven 8-bit DACs
High order low pass filters

A cascade of two 4th order switched-capacitor Butterworth filters
Corner frequency programmed with frequency divider logic.

 Maximum corner frequency is ~80 KHz
Three additional high bandwidth channels without signal conditioning

4. ADC: 12 bit successive approximation type with 4:1 input multiplexer
Maximum sample rate (held on one input) = 480 KSPS
Signal to noise  = 54 dB

5.  Maximum sample rate on all 16 channels simultaneously, at 10 Mb/s output rate
= 40 KSPS

The 19 analog channel system can fit on one side of one 2.3” round circuit card, as shown
in Figure 3a. As a rough comparison, the Eglin system requires two analog cards and one
FPGA card for similar functionality. Table 3 shows the area budget for all of the
components required for the 19 analog channel system. As a check, the table shows the
ratio of components’ area to available card area, and fill factor is 54%, typical of a “tight”
layout.



Table 3.  Proposed 19-channel telemetry system round card area budget.

19-analog-channel card
Component footprint

x
footprint
y

area qty. qty.*area

Type inch inch inch^2 inch^2
ISC chip in 100-lead
TQFP

0.63 0.63 0.397 1 0.397

   16 medium C's 0.23 0.09 0.021 16 0.331
    2 large C's 0.23 0.09 0.021 2 0.041
PCM chip in 80-lead
TQFP

0.55 0.55 0.304 1 0.304

    4 large C's 0.23 0.09 0.021 4 0.083
PROM 0.22 0.30 0.066 1 0.066
Power Supply Regulation 0.25 0.44 0.110 1 0.110
totals on two sides IC's = 3 all = 26 1.332
Ratio of sum of components' area to card area 1 side 0.538

PWR

ISC

ISC

ISC

ROM

F

PWR
PCM

ISC

(a) (b)
Figure 3. Proposed telemetry data acquisition cards using PCM and ISC custom ICs; a) 19
analog channel version fits on one side, b) additional side to expand to 64 analog channels.

The second proposed telemetry system is a combination of one PCM chip and four ISC
chips see Figures 3a and 3b. The PCM chip and one ISC chip fit on one side of the card
and three ISC chips fit on the opposite side, although the test connector must now use
surface mount pads instead of through-holes. The system supports up to 64 analog
channels with a simultaneous maximum sample rate on each channel of 10 KHz. Sample
rate, filter corner, offset, and gain of each channel can be set independently. Table 4 shows
the area budget for all of the components required for the 64 analog channel system. As a



check, the table shows the ratios of components’ area to available card area, and on two
card sides the fill factor is 58%, typical of a “tight” layout.

Table 4.  Proposed 19-channel telemetry system round card area budget.
64-analog-channel card
Component footprint

x
footprint
y

area qty. qty.* area

Type inch inch inch^2 inch^2
ISC chip in 100-lead TQFP 0.63 0.63 0.397 3 1.190
   16 medium C's 0.23 0.09 0.021 48 0.994
    2 large C's 0.23 0.09 0.021 6 0.124
PCM chip in 80-lead TQFP 0.55 0.55 0.304 1 0.304
    4 large C's 0.23 0.09 0.021 4 0.083
PROM 0.22 0.30 0.066 1 0.066
Power Supply Regulation 0.25 0.44 0.110 1 0.110
totals on two sides IC's = 5 all = 64 2.871
Ratio of sum of components' area to card area 2 sides 0.579
Test connector would have to become surface mount

The main reasons for size reduction in the proposed systems are the higher integration
levels of the HSTSS-DAC integrated circuits. This directly reduces the number of chips
required, but just as importantly it reduces the number of passive components in a
multiplicative way. For example, the integration of 16 channels of analog processing onto
the ISC chip has allowed us to replace: 16 switched capacitor filters with 5 resistors and 5
capacitors each for a subtotal of 160 passives, 8 dual op-amps with 12 resistors and 2 caps
each for a subtotal of 112 passives, and 6 octal DACs with 2 caps each for a subtotal of 12
passives. In all, one ISC chip has replaced 30 integrated circuits and a total of 284 passive
components. The ISC chip normally will need 18 capacitors, so the net reduction is 266
passive components per ISC chip.

We have kept the circuit board and chip packaging technology constant in this comparison.
Since the HSTSS custom ICs will be available as bare die, advanced packaging (such as
chip-on-board or chip-scale packaging) could be used to obtain even greater volume
reduction; however, this would entail greater development costs.

CONCLUSION

We analyzed circuit board layout for three examples of telemetry data acquisition systems
developed for 2.75" missiles, in order to compare the system impact of denser custom ICs.
The first is a telemetry system developed at Eglin AFB to support 16 analog input
channels, multiple digital channels, signal conditioning, conversion, multiplexing, and
encoding for Pulse Code Modulation (PCM) of a RF transmitter. Using Commercial Off
the Shelf (COTS) parts, the data acquisition portion of the system occupies three double-



sided circuit cards, each 2.3" in diameter and supporting 8 analog channels per card. A
comparable system being developed under HSTSS-DAC using custom ICs is projected to
be much smaller. It occupies only one side of one card to support 16 analog channels with
full signal conditioning, conversion, multiplexing, and PCM encoding. Adding three more
ISC chips to the 2nd side of the card expands the capacity to 64 analog channels with full,
independent signal conditioning on each channel. This is a factor of three volume reduction
with a factor of four increase in the number of analog channels compared to the COTS
approach.
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LEVERAGING GOVERNMENT AND COMMERCIAL
INVESTMENTS

William P. D’Amico
US Army Research Laboratory

ABSTRACT

It is tempting to conceive a program that is self-contained and to fiscally control the all
the necessary developments. Such a path will lead to a program that is technically stove-
piped and extremely expensive. For the test and evaluation (T&E) community, products
are often developed only for single application. We do not exist in such times. The use of
other program's products and commercial products is basically required. This is the path
that the Hardened Subminiature Telemetry and Sensor System (HSTSS) has taken.

The HSTSS philosophy required that the technologies common to telemetry systems be
examined for reduction in cost, size, ease of use, and above all the survivability under
high-g or high shock environments. It was clear that HSTSS could not support all of these
requirements for transmitters, batteries, electronic packaging, and sensors and be
realistically affordable with a good return on investment. This paper describes how the
HSTSS program has accomplished the development of new batteries, transmitters, and
data acquisition devices based upon a leveraged acquisition strategy.

KEY WORDS

Commercial of the shelf (COTS), GPS, microelectromechanical systems (MEMS),
International Range Instrumentation Group (IRIG)

INTRODUCTION

HSTSS is a program dedicated to improving the ability of the RDT&E communities to
affordably develop, test, and field the next generation of gun-launched munitions. A
number of measurement technologies are needed across a broad field of munition
applications (projectiles, submunitions, and small rockets/missiles). The success of the
HSTSS program rests on a group of technologies – transmitter, data acquisition, power
supply, and high-density electronics – whose cost may be more than the original funding
plan. It must be recognized that the defense industry is in an upside down position in that
commercial technologies and practices now drive the shape and nature of DoD’s
munition concepts and weapon systems. The race to the moon (although not a true DoD



program) was responsible for major investments to develop the necessary technologies,
and they, in turn, spawned commercial products and processes. Today and into the future,
the commercial sector will be the engine for the defense sector. Of course there will be
DoD-unique programs producing one-of-a-kind systems, but the affordability and utility
of defense products must have a foundation in commercial technologies and practices.

The HSTSS philosophy was to develop a compatible and configurable set of technologies
that could support unique design requirements and physical configurations for gun-
launched munitions. It would have been completely foolish to survey what tactical
systems were scheduled for development and test and to attempt to build fixed
configurations of flight test appliques. Who could or would guarantee the munition shape
and performance, predict measurement needs or accuracies, quantities or costs, etc. Also,
given that an HSTSS system could be used few or many times and be needed on very
short notice, cost and time to market factors become all important.

The basic feature of any HSTSS technology must be survival the high shock and harsh
flight environments (vibrations, centrifugal acceleration due to spin, extreme pressures
and temperatures, etc.) gun-launched munitions. This survival philosophy drives two
features: reduction of mass and minimization of radial offset. More specifically and less
elegantly put, every thing must be as small as possible and located on the longitudinal
axis of the munition. These constraints are of course unrealistic in that every component
can not be totally miniaturized and isolated to avoid centrifugal acceleration;
compromises must be made. It was realized that electronic packaging technologies could
perhaps most easily meet these criteria, except where military quantities and
environments may void the use of “best commercial” practices. It was then assumed that
battery and sensor technology would have “priority in the “radial off-set” requirement.

BATTERY TECHNOLOGY

The commercial battery industry is undergoing many changes. Some are environmental
given many of the chemicals that are normally involved, while some are being driven by
the wireless communication and portable computing markets. For example, most laptop
computers are now using Lithium-based chemistries. The HSTSS team always conducted
market research with a focus toward commercial-off-the-shelf (COTS) technologies that
could either be modified or qualified for high-g environments. If that was the case, then
additional investments were made. The first example is the modification of solid polymer
lithium primary and secondary battery technologies. Because the electrolyte material is a
solid, the effects of spin and shock could be mitigated, whereas liquid electrolytes would
centrifuge or move under high loads. In short, laptop/cell phone battery technology has
been qualified for 100,000 g’s and high centrifugal loads. Since the electrolyte is solid
and since the cell structure is relatively simple, great progress has been achieved.
Batteries have been built and flight tested for 120mm Kinetic Energy (KE) projectile



tracer wells, NATO-compatible artillery fuzes, and 2.75” missiles. Polymer lithium
batteries have been developed and tested in conformal shapes and can be positioned with
radial offset. The centerline positions will be reserved for sensors.

TELEMETRY TRANSMITTERS

The second COTS development case centered on the application of cell phone transmitter
technology for use as a modular family of telemetry transmitter components. The HSTSS
team realized that RF houses were using the same device technology and manufacturing
methods to support both the US and European wireless communication markets (900
MHz and 2.6 GHz). If the IRIG standards could be met, then L and S-band transmitters
could be produced using the same devices. The HSTSS team along with industry
conducted an engineering study, and it was concluded that the commercial technologies
could attain the IRIG standards. As such, the HSTSS transmitter contract was
competitively awarded to M/A-COM, whose transmitter solution was based upon their
commercial products. The HSTSS and M/A-COM team has subsequently teamed to
design and test transmitter products based upon commercial technologies for design,
fabrication, and packaging.

SENSORS

Over the last ten years, exciting sensor developments have been sponsored by the
Defense Advanced Research Project Agency (DARPA) with an emerging technology
called microelectromechanical systems (MEMS). The processes and procedures used to
manufacture complex integrated circuits can be used to create micron-sized mechanical
structures. The first generation of MEMS sensors have been developed for the
automotive market and consisted of beams, tuning forks, and diaphragms that sense linear
and angular acceleration and pressure. These sensors have many of the characteristics
desirable for the HSTSS program, except that automobiles do not exactly have the
dynamics of gun-launched projectiles. Sensors for linear acceleration, angular rate,
pressure, and position are needed for both in-bore and free flight measurements.

The most dramatic example of leveraging has been through the DARPA sponsored
efforts in MEMS. Automotive air bags are deployed using MEMS accelerometers where
the electronics are highly integrated into the sensor module. The cost of these
accelerometers is less than $10/axis due to large production quantities. Early efforts by
the HSTSS team demonstrated that 5, 50, and 500 g MEMS accelerometers could survive
over-shocks common to gun launch yet still make excellent in-flight measurements.
Concerted efforts were made to establish the HSTSS program as a demonstration partner
with DARPA programs that must show DoD application and use. DARPA is presently
sponsoring MEMS technology efforts in magnetometers (for spin and “heading”



measurements), multiple axis angular rate sensors, and high-g accelerometers. If these
efforts mature, then HSTSS will be in a position to qualify these devices without having
to shoulder the entire development cost.

A chart is provided that shows how the use of automotive MEMS products could be used
for Army munitions (ballistic defense not included). Except for the Long Range munition
programs there are many application points.

GPS TECHNOLOGY

The HSTSS program will attempt to integrate GPS technology from either tactical
munition developments or from the commercial market. The difficulty of high-g launch
environments is being treated by tactical munition developments, and HSTTS does not
anticipate substantial investments in GPS receiver technology for gun-launched
applications. In fact, projectile programs such as the Navy are 5-inch Extended Range
Guided Munition (ERGM) and the Army’s 155mm XM982 use GPS-inertially aided
navigation systems. It is the HSTSS plan to embed die level transmitter and data
acquisition devices to downlink the navigation solution. The HSTSS program has not
been tasked to provide GPS tracking and overwatch, which would be redundant. HSTSS
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has been requested to provide GPS tracking for high dynamic and continuously rolling
2.75-inch missile and rocket platforms.

The Johns-Hopkins Applied Physics Laboratory (APL) has been retained to consult with
the HSTSS team to support the small missile/rocket tracking needs. A schematic of a
typical translator is provided. There is ample technology to support a COTS analog or
digital translator (transdigitizer).

A table is provided by which APL has estimated (using the launch and flight dynamics of
typical 2.75-inch platform) what the tracking accuracy would be. It is clear that
eventually a “digital” format will be needed to support encryption needs, but a series of
flight tests are planned to evaluate the level and type of GPS translator technology needed
for the 2.75-inch cases. These flights would be conducted using a HYDRA-70 free rocket
as a surrogate to the missile cases. It is also planned to incorporate the Advanced Missile
Instrumentation Package telemetry and inertial instruments (developed under CTEIP)
with the GPS system. These tests would be jointly conducted by ARL, NAWC- China
Lake, and APL.
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                HSTSS Tracking Options Summary for High Dynamic 2.75"
Rockets/Missiles

Option A Option B1 Option B2 Option C1 Option C2 Option D Option E

GPS Signal
Used

L1-C/A L1-C/A L1-C/A L1-P L1-P L1/L2-P L1/L2-P

Downlink BW
(MHz)

2.0 10.0 20.0 10.0 20.0 20.0 20.0

Correlator
Space (chips)

±0.5 ±0.1 ±0.05 ±0.5 ±0.5 ±0.5 ±0.5

Navigation
Type

Relative Relative Relative Relative Relative Relative Absolute

Reference
Station

Yes Yes Yes Yes Yes Yes No

PPS
Processing

No No No Yes Yes Yes Yes

Prelaunch
Signal Needed

Maybe No No No No No No

Dual Freq
Data Blending

- - - - - Inverse
Variance

Iono
Cancel

Single-Pt
Range Error
(m)

2.61 1.19 0.85 0.51 0.38 0.40 1.52

Single-Pt
Height Error
(m)

5.22 2.38 1.70 1.02 0.76 0.80 3.04

Smoothing
Time for � 1m
Position Error
(sec)

27.25 5.66 2.89 1.04 1.00 1.00 9.24

CONCLUSION

The HSTSS program has a successful acquisition strategy due to the leveraging of COTS
technologies and other government investments. There are new initiatives being jointly
supported in many technology areas. Sister CTEIP and DARPA efforts are an intimate
part of the HSTSS acquisition strategy. The commercial concepts of cost and time to
market must clearly be present in the acquisition strategy of any munition program. The
HSTSS program has focused on the use/reconfiguration/
qualification of commercial technologies for batteries, sensors, transmitters, and high-
density packaging for electronics. Our next challenge will be to provide assembly and
calibration processes where the affordability of the final product is maintained.
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