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MESSAGE FROM THE GENERAL CHAIRMAN

Thank you for participating in the 37th Annual International
Telemetering Conference (ITC/USA 2001).  Having papers from
8 countries gave remarkable insight into the advances of
telemetry spanning the globe.
 
This year we recognized the advancements in transport of data
and information with our theme “Telemetry-Leading the
Networks of the 21st Century.”  As computers continue to
experience magnitudes of order in capacity, reduction in physical
size, and corresponding increases in processing power, telemetry
is becoming more an information link between computer
systems, rather than the traditional discrete data link in use
today.  The challenges of working with these networks were
addressed during the ITC/USA 2001 Opening Session.  The Blue
Ribbon panel featured an exceptional group of speakers who
covered the major concerns of building, operating, and
maintaining the 21st Century Networks.  MG Marcello’s Keynote

stressed the transition of DoD into a transformed 21st Century Force and the contributions of
Integrated Testing in the transformation.
 
In expanding the scope of presentations in telemetry, we had two special presentations.  A team
from the Championship Auto Racing Team (CART) gave a presentation on use of telemetry
during auto racing.  In addition we had a special session on the expanding field of telemetry in
medicine.  The superb technical sessions and short courses rounded out the technical program.
Also, ITC/USA 2001 exhibitor displays were better than ever this year.
 
A conference of this scope and magnitude would not have be possible without the efforts of an
extraordinarily dedicate staff.  In the case of ITC the exceptional staff is all volunteer.  We wish,
therefore, to express our deep appreciation not only to these volunteers, but also to the
management of the government agencies, academic institutions, commercial corporations, and
the self-sponsored private individuals who made it possible for the staff members to participate
in this endeavor.  This wonderful staff made our job not only possible, but indeed pleasurable.
 
The events of 11 September have changed our world.  In this era of terrorism new strategies,
policies, tactics, doctrine, and equipment will evolve.  In the midst of this enormous change,
telemetry and networking will be applied in new roles and missions in direct support of
combating the many forms of terrorism.  Please take solace in the fact that by advancing the
state-of-the-art of telemetry you are directly affecting the positive outcome of this grave conflict.

Paul K. Arthur
ITC2001-General Chairman
  



MESSAGE FROM THE TECHNICAL CHAIRMAN

    Welcome to the International Telemetering
Conference 2001. It is with great personal pleasure that
I serve as Technical Chairman for ITC2001. My first
time to attend an ITC was in 1981. Who would have
ever thought that twenty years later, I’d be helping to
put on one of the foremost technical conferences in the
world. Certainly not I.
   We are all well aware of the quantum leaps in
technology in the past 20 years. At the ranges we were
beginning to see a shift from FM/FM and PAM/FM to
PCM/FM running at data rates as high as 2 Megabits
per second. Computer systems still filled entire rooms
in support buildings, and data transport mechanisms
were strictly analog. However, a new world was

dawning with the advent of the microprocessor. Soon, our familiar world based on analog
components would be shifted to a digital environment.
     As we start the 21st Century, there are some who would say that telemetry is outmoded
and no longer necessary. That with the advent of ever increasing in power
microcomputers, coupled with ever increasing in bandwidth networks, telemetry is
simply yet another node of a vast computer system.
     Let us go back to the basics, and the root word meaning of telemetry-measurement at
a distance. This is still our business, our calling, to provide answers to why systems work
the way they do. Because of this, we’re still taking measurements at a distance, but we
are now taking much more accurate measurements, processing those with more
sophisticated algorithms, and presenting the results with displays that put the viewer in a
virtual world.
     It is somewhat ironic to note that it is through using telemetry to monitor the operation
of these vast networks, that the networks are able to work. And so we dedicate the theme
of ITC2001-Telemetry-Leading the Networks of the 21st Century.

Tomas C. Chavez
ITC2001-Technical Chairman



A MESSAGE FROM THE IFT BOARD PRESIDENT 
 

 
 
In my message last year I reflected on conference growth and value to the telemetering 
community. This year I want to emphasize that I believe that the growth and value are 
continuing in 2001 and that they are made possible by the most dedicated volunteer group 
I have experienced, the ITC conference committee. The telemetering community owes 
both these volunteers and their company sponsors a sincere vote of thanks! Their efforts 
not only make possible the most professional conference I am aware of but also produce 
the funds necessary to support the telemetry-related education programs the IFT has 
established. Beneficiaries of these funds include New Mexico State University, the 
University of Arizona, Brigham Young University, the University of Missouri, Rolla, and 
the University of California, Santa Barbara. In keeping with the goals established by the 
IFT bylaws, these programs are intended to provide a source of future telemetering 
professionals; a goal I believe is being accomplished. I am proud to be a part of both the 
ITC and the IFT!  



MESSAGE FROM THE EXHIBITS CHAIRMAN

Wiley Dunn
Exhibits Chairman

Welcome to the largest ever ITC/USA exhibits display at the Riviera Convention Center in Las
Vegas. This year's conference features a strong technical program and expanded short course
offerings to attract attendees from all regions of the telemetry industry.

Each year’s conference has been challenged to exceed the magnitude and quality of the
exhibition accomplished in previous years. ITC/USA 2001 promises to continue the trend of past
successes with 297 exhibits featuring products from premier industry players in the telemetry
market. Included in the exhibits program are major government test ranges, also providing an
important part of the ITC/USA exhibits program.

It is expected to be the largest in ITC/USA history in number of exhibit booth spaces reserved,
amount of space occupies and total conference and meeting rooms engaged.

ITC/USA exhibits offer a unique opportunity for members of the telemetry community to gather
first-hand impressions of the latest products available from industry-leading vendors.



KEYNOTE TECHNICAL SESSION

Mr. George A. Orlicki
Deputy to the Commanding General & Technical Director,

White Sands Missile Range U.S. Army

TELEMETRY - Leading the Networks of the 21st Century

As computers continue to experience magnitudes of change in capacity, size, and processing
power, telemetry is becoming an information link between computer systems, rather than the
traditional discrete data link. The Blue Ribbon panel will cover the major concerns of building,
operating, and maintaining the 21st Century Networks. Moderated by Mr. George A. Orlicki,
DCG/TD, WSMR. Mr. Orlicki has an extensive academic and operational background in
military and civilian programs and presently has total executive responsibility to the
Commanding General for all operational, financial, resource, personnel, investment, contracting
and technical matters at WSMR's 350 million annual business operation of over 7,000
employees, 4,000+ sq. miles of test range and 20,000 sq. miles of controlled airspace.

DISTINGUISHED SPEAKERS

Mr. Tejas R. Vashi
Manager, Market Development
Optical Transport Business Unit

Cisco Systems

“Technology of the 21st Century Network”

Mr. Vashi will draw on his experience in supporting NSPs and serving developing users
including CLECS, Energy Utilities, Wireless, ISPs, IOCs, Cable Operators, Municipalities/
Government and Enterprise. Mr. Vashi’s experience in engineering, sales and marketing to the
broadband communication industry is key to his position of developing the global strategic
direction of products and services for Cisco Systems.



Mr. Phillip E. Lacombe
President, Information and

Infrastructure Protection Sector
Veridian Systems

“Network Security”

Mr. Lacombe retired with the rank of Colonel and 20 years with the USAF serving in a number
of commands, including a time with the Office of the Secretary of Defense. Mr. Lacombe also
served as Director of the President's Commission on Critical Infrastructure Protection. As such
his experience and comments on Infrastructure Vulnerability and Protection will be particularly
interesting in light of this years theme.

Mr. Peter Griffin
Director, Optical Networking Practice

Callisma Optical Networking

“Designing the 21st Century Network”

Mr. Griffin is responsible for a team of optical internetworking design & implementation
consultants at Callisma. He has spent the last decade designing, building and operating very
large, broadband, high capacity communication systems in the US and overseas. He has a
background in RF, communications and navigation, and a PhD in advanced optical transmission
systems for lightwave communications from Cambridge University, England. His experience and
insight should lead us to the leading edge of network design.



CONFERENCE LUNCHEON AND SCHOLARSHIP AWARDS KEYNOTE ADDRESS

Major General John J. Marcello
Commander, Army Test & Evaluation Command (ATEC)

Integrated Testing Contributions to DoD's Transformed 21st Century Force

A graduate of the United States Military Academy, commissioned in Field Artillery, graduate of
Field Artillery Officers Basic and Advanced Courses, U.S. Army Command and General Staff
College and the Naval War College, Master of Science in Operations Research, Master of Arts in
National Security and International Affairs, service in Germany, Korea, Southwest Asia and
Saudi Arabia. Major General John J. Marcello comes to the ITC/USA 2001 with an extensive
service background and as the Commanding General for Army Test & Evaluation.

Major General Marcello's Keynote Luncheon Address will stress the transition of DoD into a
transformed 21st Century Force and the contributions of Integrated Testing in the transformation.



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,  or by visiting the IFT web site, www.telemetry.org.



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 and standards
meetings. A Keynote Technical Session, to which all conferees are invited, is generally the initial event.
A Moderator and Panel Members prominent in their respective fields form the Keynote Technical
Session 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.



Telemetering and Telecommunications Program Activities:
New Mexico State University

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

I. Faculty Addition

This year, we welcomed Dr. Ray Lyman to our teaching and research staff in the
Communications, Digital Signal Processing, and Telemetering group of the Klipsch
School of Electrical and Computer Engineering.  Dr. Lyman received his Ph.D. from the
University of Florida specializing digital communications related to wireless
communications.  Dr. Lyman also has industry experience with General Electric, EDS,
Motorola, and United Technologies.  Dr. Stephen Horan continues as the holder of the
Frank Carden Telemetering and Telecommunications Chair at New Mexico State
University with Dr. Phillip DeLeon continuing as the Associate Director of the program.
Other faculty in the program are Dr. Deva Borah in digital communications and Dr.
Charles Creusere in image processing.

II. 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
2000-2001 academic year scholarships for will be presented at the ITC Conference.

III. 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 a short course to be presented at the 2001
ITC.  Dr. Sheila Horan will present a one-day course on data compression.  Additionally,
Dr. Stephen Horan is the Vice General Chair for ITC 2001.

IV. Educational Outreach

The Telemetering and Telecommunications program supports pre-college educational
enrichment by working with the New Mexico Boosting Engineering, Science and
Technology (BEST) program.  This program is part of a national effort to stimulate
interest in science, mathematics, and engineering in pre-college students.  The BEST
program has the students form teams to build a robot and then the robots compete against



each other in regional and inter-state competitions.  Our support helps fund the New
Mexico regional competition run by Dr. Sheila Horan.  The Web page for the New
Mexico BEST program is http://www.ece.nmsu.edu/nm_best/.

V. Program Enhancements

Using grants from the National Science Foundation and the state of New Mexico, NMSU
has re-modeled Goddard Hall on campus to house research facilities for use by the
communications, digital signal processing, and telemetering faculty and the electro-optics
faculty.  This will provide approximately 13,000 square feet of space for research use.
The facility provides new office space for faculty, a conference room, space for students
in the program, and twelve laboratory areas that can be reconfigured to support various
experiment needs.  The building also has dedicated space for design test, electrical
fabrication, and light machine work.

Faculty and students are proceeding towards the delivery of the flight communications
subsystem for the 3 Corner Satellite program.  This is a joint project with Arizona State
University and the University of Colorado to build and operate three nanosatellites in low
earth orbit in 2003 under Air Force, DARPA, NASA, and industry sponsorship.  NSMU
is in charge of the space and ground communications for command and telemetry
services.  The flight radios are assembled at New Mexico State University for integration
with the rest of the satellite.

NASA sponsorship for research in the telemetering and telecommunications program
continues as part of the current three-year grant.  This program continues our work on RF
and optical communications technologies, signal processing, and data compression.
Other faculty research program support comes from the Air Force and the Navy on signal
processing and image processing applications.

During the 2001-2002 academic year, the program will again sponsor a senior-level
capstone design class on developing a space shuttle hitchhiker payload.  It is our hope
that such a payload will be developed and flown in the next few years.

These activities for the program can be found on the Web at http://telemetry.nmsu.edu/.



DEPARTMENT OF ELECTRICAL and COMPUTER ENGINEERING
The University of Arizona

TELEMETERING PROGRAM - STATUS REPORT
September 2001

Personnel
The IFT Fellow for academic year 2001-02 is Andrew Eatchel, a Ph.D. student interested in

remote sensing.
Two more of our younger faculty have become involved in activities related to telemetering.  Dr. Michael
Marefat has been mentoring students on the computer vision aspects of the robot soccer project, and Dr.
John Papapolymerou has been advising a student who is doing the antenna designs for the student
satellite project.  Dr. Larry Schooley has been named the International Foundation for Telemetering
Professor of Electrical & Computer Engineering.
Recent Activities

Many of our students are involved with interdisciplinary campus wide projects that 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 now focusing on building two CubeSats for launch from Baikonur,
Kazakhstan, in May 2002.  Stanford University’s Space Systems Development Laboratory (SSDL) in
conjunction with California Polytechnic State University is leading the CubeSat Project
(http://ssdl.stanford.edu/cubesat/). The goal of CubeSat is to provide an effective framework for the
design, construction and launch of picosatellites by students at various institutions.

These satellites must be no larger than a 10 cm cube and no more than 1 kg of mass
(http://cubesat.arizona.edu/). CubeSat 1 (FfizE) is a mostly passive satellite that will test two conflicting
theories of relativity by measuring small perturbations of its orbit via laser ranging of retro reflectors
mounted on the faces of the cube.  It will also carry a small battery powered beacon for assistance in
initial orbit tracking and acquisition of some temperature data.

CubeSat 2 (Rincon) will comprise a test of several engineering systems that will support other
scientific payloads on future CubeSats.  Its solar panels will generate approximately 1 watt (average) of
power, and current measurements from panels on the six cube faces will provide an indication of attitude
to analyze tumbling.  Eighteen other voltage, current and temperature measurements will provide
engineering data about the satellite systems.  The telemetry downlink and command uplink will utilize
amateur radio frequencies at 436.870 MHz and 146.0 MHz.  This satellite will also carry a beacon with
low rate telemetry capability as an independent backup system.

Development of the UASat science payloads, guidance, navigation, and control systems
continues, but at a reduced level of effort.   Last semester, there were more than 45 students from more
than 10 departments working together under the guidance of 12 faculty mentors on these three projects.

The University of Arizona Solar Racing Project was founded by a group of University of Arizona
students in 1997 to develop a solar powered racing vehicle for Sunrayce 99.  Two years later, Daedalus
went on to qualify as the best rookie car in the ten-year history of Sunrayce and finish as the best new
team in the event.  Since that time, the team has been working to develop an all-new solar powered
vehicle, Monsoon, incorporating the lessons learned from Daedalus.  The team won its class in the
American Solar Challenge, a 2300 mile journey from Chicago to Los Angeles in July; and is looking
forward to demonstrating the prowess of its systems in the World Solar Challenge, a trek across the
Australian Outback with competition from across the globe in November.   Updates are on
http://www.solarcar.arizona.edu/.



International Foundation for Telemetering Design Laboratory
The laboratory has been invaluable for ongoing development of the robot soccer and student

satellite projects, and will be used even more in the future as these projects expand and other projects are
developed.
Current and Future Activities

Participation in the student satellite project continues.  A team of 4 senior students will build and
test a new generation telemetering system with higher data rates for CubeSat 3.

Work is continuing to upgrade and test Monsoon for entry in the World Solar Challenge in
November. This new race will test the limits of endurance like no other solar vehicle race before.  Even
without inclement weather, strategy will be a more important component of this race due to a new race
format that makes management of battery charge more crucial than in the past.  To address this issue, a
graduate student is completing the telemetering system for the new car that was described in last year’s
conference paper.

In the same time frame, new teams of senior students will design and build next generation robot
soccer players for a possible inter-school competition.



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 is almost complete with
$870,000 of the target $1,000,000 in place. Revenue generated by the fund 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. Current activity includes projects in multipath modeling and mitigation
funded by the Advanced Range Telemetry (ARTM ) program and the Air Force Office of
Scientific Research (AFOSR) and support for the NASA’s Enhanced Flight Termination
System.  During the past year 3 MS students graduated. This year, one PhD student, one
Master’s student, and three undergraduate students work on projects in the laboratory.

BYU ITC Participation

BYU has been an active participant in the International Telemetering Conference since
1993. At last year’s conference (2000), 6 papers by BYU authors were presented in the
technical sessions and the short course Quadrature Modulation for Aeronautical
Telemetry was presented by Professor Michael Rice of BYU and Mr. Bob Jefferys of
Tybrin, Inc. Michael Rice will be the Technical Program Chair for ITC 2002 in San
Diego.



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.  Over 30 students have
benefited from IFT support of their research and design projects.  These
projects cover a wide range of telemetry applications, including structural
health monitoring of civil engineering structures, health monitoring and
performance analysis of composite materials, telemetry for autonomous
vehicles, solar powered automobiles, and SAE formula racecars.  The UMR
solar car finished the 2001 U.S. Dept. of Energy / American Solar Challenge
race in second place.

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

specializing in communications, image processing, electromagnetic
compatibility and power distribution.  To support distance education, these
faculty have developed web resources for telemetry applications, EMC, and
real-time digital signal processing.  A distance education curriculum has
been developed at UMR in cooperation with the University of Southern
California and the Boeing Company to offer a Master of Science degree in
Systems Engineering to non-traditional graduate students.  Using the world
wide web, and other means of electronic delivery, students from across the
U.S., and throughout the world, can participate in selected courses taught on
the UMR and USC campuses.

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.



INTERNATIONAL FOUNDATION FOR TELEMETERING

College of Engineering,
University of California, Santa Barbara

TELEMETERING EDUCATION AT UCSB

At present the curriculum is expanding as the College implements a new undergraduate
degree program in Computer Engineering, designed to educate broadly-based
engineers with an understanding of digital electronics, computer architecture, system
software, and integrated circuit design. These engineers will acquire the skills to design
and build complete integrated digital systems in a wide range of application areas,
working in conjunction with established experts in those application areas. Teamwork
and project management skills will be emphasized in the new program to reflect the
modem realities of high technology's complex and collaborative working environment.

As part of the new Computer Engineering degree program, several new courses (each
with a strong laboratory component) are being developed.

PROFESSIONAL DEVELOPMENT

UCSB and the College of Engineering have a strong commitment to working with
professionals in industry. In fact, several of our education and research programs have
been developed as a result of close collaboration with our colleagues in industry .We
propose the following avenues as means to interact with and transfer technology to
industry:

• Visiting Researchers: The College hosts 7-10 visiting researchers from industry
per quarter. These relationships typically develop between a representative from
industry and a particular professor whose research is of interest to the company.
Additional costs may be associated with such arrangements.

• Concurrent Enrollment: The university provides opportunities for working
professionals to enroll in courses that are not oversubscribed. These
arrangements are most effective for those professionals living in close proximity
to the university.

• Distance Learning: The College is planning to expand its distance learning
capabilities. We hope to broadcast relevant lectures and courses to interested
parties.
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Feasibility of a Bluetooth Based Structural Health Monitoring
Telemetry System

Vilas Uchil and Kurt Kosbar
Department of Electrical and Computer Engineering
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ABSTRACT

The Bluetooth standard is intended to provide short-range (10-100 meter) wireless connectivity
between mobile and desktop devices.  It was developed as a replacement for short cables, and
has the ability to form ad-hoc networks.  This paper explores the feasibility of using Bluetooth
devices for structural health monitoring telemetry applications.  We describe the configuration of
a small ad-hoc network using Bluetooth modules and micro-controllers to simulate a telemetry
application and thus evaluate the general framework of distributed, reliable, and secure, wireless
communications required for telemetry.

KEYWORDS
Bluetooth, Telemetry node, Piconet, Scatternet.

INTRODUCTION
In telemetry applications, such as measuring vibrations at different points along a highway
bridge, the sensors are typically connected with cables. These cables increase the cost and
difficulty of installing and maintaining the system. Wireless communication, may be a better
solution for this application. Wireless subsystems, which extend or partly replace cables, have
been developed. The Bluetooth standard [1,2] is one of the upcoming technologies for short-
range (10 –100 meter) wireless links. The Bluetooth standard, formed by Bluetooth Special
Interest Group (SIG), has gained the support of leading manufacturers including Ericsson, Nokia,
IBM, Toshiba and Intel. The SIG has enabled the design of small, low power, low cost
embedded radios that can replace cables, heading towards ubiquitous connectivity. These
features of Bluetooth make it well suited for structural health monitoring based telemetry
systems. Being a short-range technology, Bluetooth was not intended to be used for telemetry
applications. Our work studies the configuration of a small telemetry network using Bluetooth
modules and micro-controllers.

This paper provides an introduction to the Bluetooth standard, its networking arrangements and
its protocol architecture. We then explain the network configuration we will use and study its



feasibility in an actual telemetry scenario. Excellent reviews on some of the Bluetooth based
industrial applications are provided by references [7-8].

Bluetooth Standard
The Bluetooth design enables the system to operate in noisy radio environment, providing ad-hoc
voice and data networking in the unlicensed 2.4 GHz Industrial Scientific Medicine (ISM) band.
The nominal range of a single Bluetooth link is 10 m at 0 dBm and can be increased with an
external power amplifier to extend up to 100 m at +20 dBm. In the ISM band the signal
bandwidth is limited to 1MHz. Due to noise, the data rates are limited to approximately 1Mb/s.
Bluetooth uses Gaussian-shaped Frequency Shift Keying (GFSK) [1-3] with a modulation index
of 0.3. Gaussian-shaped Frequency Shift Keying is a form of FSK where the baseband pulses are
passed through a gaussian filter.

Bluetooth uses Frequency-Hopped Code Division Multiple Access (FH-CDMA) [3]. A set of 79
hop frequencies has been defined at 1 MHz spacing (23 hops in Japan, France and Spain). The
channel is divided into time slots, each 625 µs in length, and each slot corresponds to a
frequency hop. Wireless LAN (WLAN) operating in the same frequency band, typically use
Direct Sequence Spread Spectrum (DSSS) or FH-CDMA at 75 hops/sec. Bluetooth radios hop
faster (1600 hops/sec) and uses shorter packets, which makes them more immune to interference.
The unit that controls the FH-CDMA channel, which is called the master, determines the
hopping sequence. The local clock of the master unit also defines the phase in the hopping
sequence. All other participants on the hopping channel are called slaves. They add time offset to
their respective local clocks to synchronize to the frequency hopping. An ad-hoc network formed
by a master-slave arrangement is called a piconet. Any unit can become a master or slave. The
unit that establishes the piconet is the master. In a piconet ring, as the master hops in the
frequency band, all the active slaves listens to the master at that frequency. Figure 1 illustrates a
piconet arrangement.

Figure 1. A master-slave arrangement in a piconet

A group of piconets can inter-network and form what is known as scatternet. One of the slaves in
a piconet acts as a master for a second piconet and thus establishes a bridge between the two.
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Each piconet maintains its own frequency-hopping channel. All the members associated with the
respective piconet, remain synchronized to that hopping channel. Many such piconets can bridge
together to form a long chain. As the number of piconets increase, there is a considerable
decrease in performance. Two factors that affect the performance are amount of bridging and
number of established links in each piconet [6]. The scatternet feature of Bluetooth can be used
in many telemetry applications. Bluetooth modules can connect locations that are difficult to
access. Figure 2 illustrates a scatternet chain.

          Slave/Master module.

         Master module

         Slave module

Figure 2. A Scatternet

For smooth transmit-receive operations, the Bluetooth system uses Time-Division Duplexing
(TDD) [3,4], where the master and slave can operate alternately. In normal connection mode, the
master transmits in even numbered slots, and the slave transmits in odd numbered slots. Since
transmission and reception occur at different time slots, they also use different frequency
carriers. Figure 3. Illustrates the FH/TDD channel applied in Bluetooth.
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Figure 3: FH/TDD channel applied in Bluetooth



The hop frequency remains the same for the duration of the packet. There are three types of
packet format, occupying a one-slot, three-slot or five-slot length. Due to the packet type
covering more than one slot, the master transmission may continue in odd numbered time slots
followed by slave in an even numbered time slot. The transmissions between master and slave
will always alternate.

Bluetooth supports both synchronous services such as voice traffic and asynchronous services
such as data. The two types of links are

• The Synchronous Connection Oriented (SCO) link
• The Asynchronous Connectionless (ACL) link.

The SCO is a point-to-point link between the master and a single slave. A SCO link is
maintained by the use of reserved time slots. This is analogous to a circuit switched connection
between the master and slave. The SCO link supports voice connections. A master can support
up to three SCO links to the same slave or different slaves. A slave can support up to three SCO
links from the same master, or two SCO links if the slave is connected to two masters [1,2]. All
other time slots are used by the master to establish ACL links. The ACL link provides a packet-
switched connection between master and all active slaves participating in the piconet. Each voice
channel supports 64 Kbps synchronous channels in each direction. The maximum asynchronous
asymmetric link is 723.2 Kbps. In that case a return link of 57.6 Kbps can still be supported. The
maximum symmetric asynchronous link is 432.6 Kbps in both directions Figure 4 illustrates
SCO and ACL links on a single piconet with a master and two slaves.

Master

Slave1

Slave2

                     -SCO packet                      -ACL packet

Figure 4. A SCO and ACL Link on a Single Piconet Channel

Protocol Architecture
In designing the Bluetooth protocol architecture [1,2,4], especially the higher layers, the
principle was to maximize the reuse of existing layers of protocols for different purposes.
Protocol re-use also helps software vendors to adapt existing applications to work in the wireless
Bluetooth environment, as well as facilitating smooth operation of the applications and their
interoperability. Bluetooth is basically a lower-layer specification by the view of OSI. The



protocol stack is divided into two sections, the Bluetooth Specification and Bluetooth Profiles.
The Specification describes how the technology works (i.e. the Bluetooth protocol architecture).
The Profiles describe how the technology is used (i.e. how different parts of the specification can
be used to fulfill a desired function for a Bluetooth device). The key parts of the Specification are
the radio layer, baseband and link layer (include link manager and logical link control and
adaptation protocol – L2CAP).
The Specification contents are as follows:

• Radio Defines the requirements for a Bluetooth receiver transceiver operating in the
2.4GHz ISM band. It allocates the frequency bands, channel arrangement and transceiver
characteristics for Bluetooth system.

• Baseband Describes the specification of the Bluetooth link controller (LC), which carries
out the baseband protocols and other link routines. In other words, this layer defines the
packet formats, physical and logical channel and different modes of operation, which
supports the transfer of voice and data between devices.

• Audio Needed to transfer voice. The Bluetooth voice interface follows both International
Telecommunication Union (ITU-T) and Global System for Mobile communication
(GSM) recommendations.

• Link Manager Protocol (LMP) Used by the link manager on either side for link set-up
and control. This is a software that handles link authentication, network management,
link connection and configuration. The RF, Baseband and LMP are usually integrated in
one or two chip to provide a hardware platform for the higher layer application.

Figure 2: Bluetooth Protocol Architecture

• Host Controller Interface (HCI) Provides a command interface to the baseband link
controller and link manager and access to hardware status and control register. The HCI
provides a common interface between the Bluetooth device and its host module. The
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interfaces between the hardware and software are such common ones as USB, UART and
PCM, which are included in HCL to make them universal to all vendors.

• Logical Link Control and Adaptation Protocol (L2CAP) Provides a common base for
data communication. L2CAP distinguishes between the higher-level protocol segments,
reassembles packets and allows the exchange of quality of service information between
two devices.

• RFCOMM Emulates serial ports over L2CAP protocol. The protocol is based on the
European Telecommunications Standards Institute (ETSI) standard TS 07.10

• Service Discovery Protocol (SDP) Provides a means for applications to discover which
services are provided by, or available through, a Bluetooth device. The SDP also allows
applications to determine the characteristics of the available services.

The Bluetooth Profile has been developed, in order to describe how implementations of user
models are to be accomplished. The user models describe a number of user scenarios where the
Bluetooth performs the radio transmission. A profile can be described as a vertical slice through
the protocol stack. It defines options in each protocol that are mandatory for the profile. It also
defines parameter ranges for each protocol. The profile concept is used to decrease the risk of
interoperability problems between different manufacturers products. Some of the profiles used in
Bluetooth are GAP  (Generic Access Profile), CTP (Cordless Telephony Profile), LAP (LAN
Access Profile) etc.

Bluetooth Network
There are four different modes of master-slave engagement; Active, Sniff, Hold and Park [5].

• Active In this mode, the master and slave actively participate on the channel. The
Active slave listens on the master-slave time slots for packets. A packet consists of an
access code, header and payload. The access code contains synchronization
information and the header has the address for the destination module. During a
master transmission, if an active slave is not addressed, it may sleep until the new
master transmission begins.

• Sniff In this mode the slave listens to the master less frequently than on the active
state.

• Hold The slave and master agree on a time duration, for which the slave is released
from the connection. Other than an internal timer, all other operations are suspended.
When the timer expires, the slave wakes up, synchronizes with the hopping sequence
and waits for further instructions from the master. This brings about a considerable
power saving.

• Park This is a low power mode with very little activity in the slave. The slave
remains synchronized to the network, but does not take part in any data transmission.
The slave forfeits its active member address and receives a park member address
when entering this mode. The master module wakes up the associated slave using the
parked member address for data transmission.

Bluetooth devices form either a piconet or scatternet. A piconet is formed in an ad-hoc manner.
Depending on the demand among devices that want to communicate with each other, the



Bluetooth modules within a given range forms a piconet. These modules do not require dedicated
support entity like base station in a cellular network. Each piconet has one, and only one, master
and can have one or more slaves. At any time in a piconet, there can be seven active members
that can talk to each other [1,2]. The master is responsible for setting up the communications,
deciding the queue of frequency hopping and synchronization. Depending on the network traffic,
the slave module can go into any of the four modes described above. Using the hold and park
mode, a piconet can contain more than seven modules [5].

 An infrastructure monitoring telemetry system can be formed using a piconet. With the master
forming the central hub, for all the slaves that pass on the health information of the system to the
master. Using an ACL link each communication between master and slave can bring about a
maximum data rate of 723.2 Kbps. For distances spanning more than 100 meters, the network
can be expanded by means of scatternet, i.e. two or more piconets are added to form a long chain
within the network. As more piconets are added, the probability of collision increases, which
degrades of performance, as is common in frequency hopping spread spectrum systems.
Bridging overheads and the number of active connections, also degrade the system performance.

Network Configuration
We are developing a piconet test-bed using Ericsson Bluetooth Development Kits (EBDK). The
EBDK can be interfaced to a host module via USB, UART or PCM interface. We will be using
micro-controllers as hosts for the bluetooth module.

Figure 4: Bluetooth with Host Module (Micro-controller) Forming a Piconet

The EBDK hardware consists of a printed circuit board equipped with a UART buffer, a voltage
regulator, a few passive components and the Bluetooth Module (ROK101007). This module
contains a baseband controller, a flash memory and a radio that operates in the 2.4 - 2.5 GHz
ISM band. The major problem faced in interfacing an EBDK to a local host (Micro-controller) is
of porting the Bluetooth protocol stack on to the host. We initially proposed to use a regular 8051
micro-controller as a host, which can be software programmed as per the telemetry application.
However complexity involved in porting the protocol stack on to a micro-controller (8051) due
to memory limitation and available protocol stack being operating system (OS) dependent, a
more powerful processor based controller was used as host in place of a regular 8051 micro-
controller.

An Axis ETRAX-100LX developer board is used as host to the Bluetooth module. This is a 100
MIPS 32-bit RISC based controller having port to Linux operating system. Linux has access to
an open source Bluetooth protocol stack. The controller has a maximum power consumption of 3
watts and has two serial, RS-232 interfaces. The EBDK is interfaced to the ETRAX-100LX

µµ -Controller EBDK µµ -ControllerEBDK



developer board via the serial interface. This system forms a Bluetooth node (a single telemetry
node). Such a compact, lightweight node, could be placed in any difficult to access location, to
collect data in telemetry applications. A group of Bluetooth nodes form a piconet. A cluster of
such piconets are arranged to form a scatternet. Such a network can be used in a wide range of
applications such as transmitting surveillance signals from the wings of an aircraft to its
maintenance unit, measuring stress at different points on a roadway/railway bridge, collecting
operational measurements from hazardous industrial location (e.g. chemical plants) etc.

Conclusion
This paper supports the usage of Bluetooth technology for telemetry applications. The Bluetooth
networking feature of scatternets can be used to transmit and receive signals from remote
locations. There are many disadvantages to this approach. Since Bluetooth is a short-range
technology, for applications involving larger distances, we need to increase the number of
piconets in a given scatternet. This leads to increased cost and more link management problems.
In a scatternet, the amount of bridging overhead, and the number of established links, have a
major impact on system performance. Other parameters of scatternet formation, namely number
of piconets, traffic dependency and the standard deviation of node degrees [6], also affect the
system performance. These limitations motivate research to increase the robustness of the
Bluetooth networking protocol.
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Common-Event Network Test-Instrumentation System (CENTS) Program
Status Review
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ABSTRACT

The CENTS Program is a Central Test and Evaluation Investment Program (CTEIP) effort
conducted by the 46th Test Wing at Eglin Air Force Base, Florida. This project uses advanced
internetworking technology to collect data unobtrusively from multiple Line Replaceable Units
(LRU's) within an aircraft without the expense of running new wiring. The data is transported to a
master network controller using the existing aircraft powerlines at a raw data rate of over 10 Mbits/s.
Sensors are integrated into the shells of the LRU's data bus connectors to minimize the number of
aircraft modifications required for a test.

CENTS began in January 2000 as an OSD CTEIP Sponsored Test Technology Development and
Demonstration (TTD&D) project and is currently in Phase 2 of the effort. Phase 1 saw the successful
demonstration of the use of MIL-STD-704 power busses to establish a virtual network for data
transport. This paper reviews the current status and past achievements of the CENTS TTD&D
program as well as describing some immediate potential pay-offs for the Test and Evaluation
community in the near-term.

KEYWORDS
Flight Test Instrumentation, Airborne Instrumentation, Smart Sensors, OFDM, Data on Powerlines,
Central Test and Evaluation Investment Program (CTEIP), Test Technology Development and
Demonstration (TTD&D)

INTRODUCTION

The CENTS Program is a Central Test and Evaluation Investment Program (CTEIP) effort
conducted by the 46th Test Wing at Eglin Air Force Base, Florida. This project uses advanced
internetworking technology to collect data unobtrusively from multiple Line Replaceable Units
(LRU's) within an aircraft without the expense of running new wiring. The data is transported to a
master network controller using the existing aircraft powerlines at a raw data rate of over 10 Mbits/s.
Sensors are integrated into the shells of the LRU's data bus connectors to minimize the number of
aircraft modifications required for a test.



CENTS began in January 2000 as an OSD CTEIP Sponsored Test Technology Development and
Demonstration (TTD&D) project and is divided into 3 development phases.  Phase 1 is concerned
with the development of the powerline networking interface.  Phase 2 develops the smart
instrumented connector couplers.  Phase 3 ties in the overall network master control and data
decoder.  The project has successfully completed Phase 1 and is currently in Phase 2. Phase 1 saw
the successful demonstration of the use of MIL-STD-704 power busses to establish a virtual network
for data transport. This paper reviews the current status and past achievements of the CENTS
TTD&D program as well as describing some immediate potential pay-offs for the Test and
Evaluation community in the near-term. The intent of the project is to develop and demonstrate a
new method of data collection and processing for use on advanced air vehicles (F-22, JSF, UCAV &
Comanche Helicopter).

Common Event Network Test-instrumentation System (CENTS)

The Common Event Network Test-Instrumentation System (CENTS) develops a new open
architecture system for use on advanced air vehicles providing for common instrumentation data
acquisition interfaces and transducers that conform to a commercial standard.  CENTS is an event-
oriented system built on a publisher-subscriber model that monitors data from items under test via
"instrumented coupled" connector interfaces.  These "instrumented coupled" connector interfaces
eliminate the need to add many of the traditional data acquisition boxes to the severely space limited
air test vehicle. Additionally, these interfaces provide full commonality between test vehicles and
minimize aircraft installation/downtime since many of the data acquisition boxes are replaced by the
"instrumented coupled" connector interfaces. The transducers provided by this development are
smart sensors, which along with the "instrumented coupled" connectors will place data on the
network in the event of a data limit or trip point condition. The CENTS hardware architecture differs
from traditional Time Division Multiplex (TDM) data encoding by the use of variable length data
packets and packet telemetry protocols. Bandwidth is reduced to a minimum since traditional
sampling and/or associated fixed frame encoding is not employed.

The three building blocks of CENTS are the CENTS Local Area Network (CLAN), the CENTS
Smart Instrumented Coupled Connectors (CSICC) and data Decoder as depicted in Fig 1.  Each
building block is developed during a single phase of the program. The CLAN will be a “virtual
network” and will be implemented by superimposing data on the existing Aircraft/UAV power lines,
during Phase 1.  At the lowest layer the CLAN will provide for utilization of existing TCP/IP
protocols and will allow for remote wireless applications. CSICC’s are the second building block of
CENTS providing for direct interface to all "data producing” hardware.   These are the development
focus of Phase 2.  CSICC’s connect directly to the existing Aircraft/UAV Input/Output (I/O)
connectors and will only transfer data in the event of a change of state or trip condition. CSICC’s
shall provide for built in test capability and be automatically configured for the data type and
expected values over the CLAN.  The third component of the CENTS is a Decoder/Network Master,
which is used to demodulate the superimposed data for onboard recording/telemetering. And is to be
developed in Phase 3.
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Figure 1 CENTS Block Diagram

PHASE 1 CENTS LOCAL AREA NETWORK (CLAN)

The development of the CLAN was predicated on the use of COTS hardware developed for the
home networking industry.  The goals set for the program were to establish a reliable network with a
data rate of 1Mbits/s, minimum.  This would allow CENTS to transport/collect data at rates very
near current, dedicated wire systems.

Vendor surveys soon uncovered commercial developments approaching 8 to 10 Mbits/s using spread
spectrum transmission techniques.  The HomePlug standards development consortium was
sponsoring a development competition aimed at the home networking market in the US, Europe and
Japan with the goal of 10 Mbits/s over standard household wiring.

The CENTS project worked with one of the vendors to adapt the technology to MIL-STD-704, the
aircraft power specification.  This proved somewhat difficult as vendors were all focused on the
commercial marketplace and were not engaged in MIL-STD developments at all.  Eventually a
component set was modified for the 400 Hz 115 VAC powerlines (the product was already adapted
for 28 VDC operation) and brought to Eglin for a series of tests.



Figure 2 Video Teleconferencing Over F-15C Powerlines

The CENTS team demonstrated the CENTS LAN backbone technology in May of 2000 at Eglin
AFB.  A picture of the demo team conducting the testing is shown in figure 2.   This testing
demonstrated video teleconferencing between weapons stations 2a and 8b over the 400 Hz powerline
in the Aim 9 connector.  A rigorous series of tests showed raw data speeds of around 13 Mbits/s.

PHASE 2 CENTS SMART INSTRUMENTED COUPLED CONNECTORS
(CSICCs)

The development of the CSICCs envisioned the most non-intrusive method of data collection from
LRU’s possible.  This is to be accomplished using TRW’s µDisc, pictured in figure 3.   This device
is inserted within the connector shell of the LRU’s data connector and couples to the signals and
power interfaces present on the connector pins.  The example in figure 3 is for a MIL-D-38999
connector.  The signal processing, data filtering, reduction, time-tagging, calibration, conditioning,
etc. is done in the personality adapter circuitry which is unique to each data bus or data type being
monitored.  The widest use envisioned is for data bus monitoring but other signals, such as discrete,
video signal (digital or analogue), or analogue voltage level indicators are also able to be
instrumented and monitored to the CSICC requirements via either µDisc, tee-connection or direct
connection.



Figure 3 TRW’s µDisc

The 1553 data busses are the target of CENTS Phase 2 development effort.  This fall a
demonstration is planned for Eglin AFB to show the capture and transmission of two different 1553
busses using the CSICC µDisc and personality adapter design.  These will interface inside Mil-D-
38999 connectors and the data will be transported to the test monitoring points via the aircraft
powerlines.

PHASE 3 NETWORK MASTER/DECODER

The final phase of the CENTS development efforts is the development of the CENTS Network
Master/Decoder.  This unit will be designed to recognize which CSICCs have been instrumented for
the particular test, configure the network and ensure time stamp accuracy and uniformity across the
network.  In addition it is the translation point where the data is translated from the CENTS internal
data protocol top the telemetry and/or recorder waveform format requirements.  The Network Master
will also interface with the test set-up or mission load interface and except test parameters.  These
test parameters will allow the Network Master to monitor signal conditions and adapt the
configurations of the CSICCs according to the test objectives.  Phase 3 is to commence in October of
2001.

CONCLUSION

The 46TW at Eglin AFB is in the midst of the development of ‘no new wires’ approach to aircraft
T&E systems called CENTS.  CENTS is divided into 3 phases, of which the first has been
successfully completed while the second is ongoing and the third is set to commence.  This program
has demonstrated video teleconferencing between weapons stations on the F-15 as well as a raw data
transmission rate of 13Mbits/s over the aircraft powerlines.  Smart Instrumented Coupled
Connectors are under development and will be demonstrated in the near future.  The next
technological hurdle will be the Master Controller and Data Interface for the CENTS network.



Data Collection Via Aircraft Powerlines

Alfredo Berard, 46 TW/TSI
Tim Boolos, TRW

ABSTRACT

Advances in physical layer interface technologies have led to the ability to establish a virtual IP
network over powerlines. Raw data packet transport speeds of over 10 Mbits/s have been achieved.
The powerline is a dynamically changing electromagnetic environment completely unlike the stable,
steady state environment of coaxial cables or twisted wire pairs. A special interface technique called
adaptive Orthogonal Frequency Division Multiplexing (OFDM) is used to overcome the rapid and
dynamic changes in transfer function and noise floor of the powerline. This paper describes the
technique being used to implement a fast data collection network over aircraft powerlines that is
being developed by the 46th Test Wing at Eglin Air Force Base under the CENTS Program.

Introduction

Advances in physical layer interface technologies have led to the ability to establish a virtual IP
network over powerlines.  This virtual IP network can be used to facilitate the transfer of data in test
aircraft from the (several) units under test to a recording or telemetry device without adding orange
wire to the aircraft.  The Common Event Network test-instrumentation System (CENTS) is a
Technology Test and Demonstration (TTD&D) program under development by the 46 Test Wing
Instrumentation Division at Eglin Air Force Base in Florida.   The intent of the project is to develop
and demonstrate a new method data collection and processing for use on advanced air vehicles (F-
22, JSF, UCAV & Comanche Helicopter).

Common Event Network Test-instrumentation System (CENTS)

The Common Event Network Test-Instrumentation System (CENTS) develops a new open
architecture system for use on advanced air vehicles providing for common instrumentation data
acquisition interfaces and transducers that conform to a commercial standard.  CENTS is an event-
oriented system built on a publisher-subscriber model that l monitors data from items under test via
"instrumented coupled" connector interfaces.  These "instrumented coupled" connector interfaces
eliminate the need to add many of the traditional data acquisition boxes to the severely space limited
air test vehicle. Additionally, these interfaces provide full commonality between test vehicles and
minimize aircraft installation/downtime since many of the data acquisition boxes are replaced by the
"instrumented coupled" connector interfaces. The transducers provided by this development are
smart sensors, which along with the "instrumented coupled" connectors will place data on the



network in the event of a data limit or trip point condition. The CENTS hardware architecture differs
from traditional Time Division Multiplex (TDM) data encoding by the use of variable length data
packets and packet telemetry protocols. Bandwidth is reduced to a minimum since traditional
sampling and/or associated fixed frame encoding is not employed.
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Figure 1 CENTS Block Diagram

The three building blocks of CENTS are the CENTS Local Area Network (CLAN), the CENTS
Smart Instrumented Coupled Connectors (CSICC) and data Decoder as depicted in Fig 1. The
CLAN will be a “virtual network” and will be implemented by superimposing data on the existing
Aircraft/UAV power lines.  At the lowest layer the CLAN will provide for utilization of existing
TCP/IP protocols and will allow for remote wireless applications. CSICC’s are the second building
block of CENTS providing for direct interface to all "data producing” hardware. CSICC’s connect
directly to the existing Aircraft/UAV Input/Output (I/O) connectors and will only transfer data in the
event of a change of state or trip condition.  CSICC’s shall provide for built in test capability and be
automatically configured for the data type and expected values over the CLAN.  The third
component of the CENTS is a Decoder/Network Master, which is used to demodulate the
superimposed data for onboard recording/ telemetering.  A picture of CENTS module (a single node)
is shown in figure 2.



Figure 2 A CENTS Node

The work on the CLAN has been completed and is presented in this paper.

CENTS Local Area Network (CLAN)

The challenge of the CLAN is to superimpose data on the aircraft powerlines reliably and at
sufficient bandwidth/transfer speeds to allow realistic data transfer rates.  The goal set at the outset
of the effort was 1 million bits per second (1 Mbits/sec), which is approaching the data rates of some
current systems.

Survey of Powerline Networking Developments

Unlike lines designed to be balanced, such as coaxial or shielded twisted pairs; the transfer function
of the powerline changes rapidly over time.  Instruments that draw power have start up transients
and some components actually generate noise “spikes” during their operation that could be seen as
jamming in an ordinary communications environment.  Attenuation can be high and in some cases is
not even proportional to path length.  The lines are typically unterminated in an RF sense and foster
a large amount of multipath.  In spite of the RF environment the powerline is an attractive medium
because of its ubiquitousness.

Norweb (a power utility company) in the UK began demonstrating data networking technology in
the early 90’s.  Speeds were limited and the goal was to provide an alternate to toll call dial up
network connections.  In the late 90’s efforts began for the CEBus, targeting mainly the US
consumer electronics market.  Concurrently efforts involving automotive electronics based on the
CAN bus standard were picking up steam.  Several companies began demonstrating and marketing
systems that operated under these standards at speeds of around 1 Mbit/s raw data rate.  When bus
and protocol overhead were added these devices were little better than 9600 baud.  The use by some
vendors of broader band Spread Spectrum Carrier waveforms helped push the raw rate to near 2
Mbits/s.

A consortium of companies came together to create the “Home Plug” standard.  Under this
arrangement several vendor companies were competitively to develop a baseline technology with a



raw data rate above 10 Mbits/s.   The winner of that competition demonstrated in a very large
number of homes in the US and Europe a robust system with raw rates in excess of 13 Mbits/s under
a variety of conditions.  The technique used by the winning vendor is called adaptive Orthogonal
Frequency Division Multiplexing (OFDM).

OFDM General Description

OFDM is essentially the simultaneous transmission of a large number of narrow band carriers, or
subcarriers.  Each of the subcarriers is modulated at a low data rate, but the sum of the rates can be a
very high data rate, depending on the bandwidth and the number of subcarriers.

The history of OFDM reaches back to 1966 when R.W. Change published a paper on “Band Limited
Orthogonal Signals for Multichannel Transmission” in the Bell System Technical Journal.  In 1971
S. B. Weinstein and P.M. Ebert used the Discrete Fourier Transform (DFT) for the base band
modulation and demodulation.  There work included guard space to solve a multipath problem of
intersymbol interference.  Then in 1980 A. Peled and A. Ruiz introduced the cyclic prefix to the
guard space, which helped maintain orthogonality.

Standard OFDM has been adopted as the modulation standard in Europe for terrestrial and satellite
audio broadcast with Eureka 147 Digital Audio Broadcast (DAB). It is also in use for terrestrial
Digital Video Broadcast (DVB). The decision to select OFDM was largely due to OFDM’s ability to
mitigate multi-path reflections while making efficient use of the available spectrum. The DVB
standard provides for net data rates up to 31.67 Mbps in a channel only 8 MHz wide for distances
exceeding 50 miles (using OFDM/64-QAM).

The basic idea of OFDM is to divide the available spectrum into many narrowband, low data rate
carriers (or subcarriers). To obtain high spectral efficiency the frequency response of the subcarriers
are overlapping and orthogonal, hence the name OFDM. Each narrowband subcarrier can be
modulated using various modulation formats where BPSK, QPSK and QAM (or the differential
equivalents) are commonly used.

Since the modulation rate on each subcarrier is very low, each subcarrier experiences flat fading in a
multi-path environment and is easy to equalize. The need for equalization can be eliminated by using
differential QPSK (DQPSK) modulation where the data is encoded as the difference in phase
between the present and previous symbol in time on the same subcarrier. Differential modulation
improves performance in environments where rapid changes in phase are possible.

OFDM modulation is generated by an FFT processor, which encodes M bits of data onto N
subcarriers in the frequency domain.  Note that

M=NxB (1)

where B is the number of bits per modulation symbol.  In the case of QPSK or DQPSK B = 2.  An
IFFT converts the symbol to the time domain where the length of time for the OFDM symbol is the
reciprocal of the subcarrier spacing.  Normally this is very long compared to the data rate.
Demodulation is, of course, just the reverse of the modulation process.



Line Sensing and Adaptation

A unique feature of the OFDM technique used for the CENTS Local Area Network is the line
sensing and adaptation.  Essentially this is just the adaptation of the tone map to the unique set of RF
characteristics of the powerline in use at the time.  During establishment of the link between
individual transmitters and receivers all subcarriers are transmitted and evaluated on both ends of the
link.  The nodes agree on a tone map, or the allocation of subcarriers across the frequency band
based on signal to noise ratio (SNR) or bit error rate (BER) criteria.  These criteria are selectable and
allows for the dynamic configuration of the tone map during data transfer.  The adaptation process is
illustrated in fig. 3.  This equates to a frequency mapping capability and also allows the OFDM
waveform to be adapted to regulatory and mil-standard requirements.
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Figure 3 Adaptive OFDM

Demonstration

During Phase 1 of the CENTS program a demonstration was accomplished using the powerlines of
two different F-15 fighters as the transfer medium for the CENTS Local Area Network.  Two test
computers were used to monitor Bit Error Rate (BER) and signal metrics and raw data transfer
speeds.  Interface to the aircraft was accomplish through the use of existing AIM-9 Short Range
Missile electrical disconnect. Personal Computers were interfaced to the 28 VDC and 115 VAC
400Hz AIM-9 connector power pins on wing weapon station 2A and 8B an F-15C and F-15E
aircraft.

On the F-15E, tail number 185, tests were completed on both the 115 VAC 400 Hz powerlines as
well as the 28 VDC powerlines.  The aircraft was powered by a ground cart, all avionics systems
(RADAR, Radios, Armament Computer, etc) were powered and checked for their effect on data
transfer rates and dropped data packets.  With different systems being turned on and off to generate
start up transients and powerline noise data rate transmission speeds were monitored and recorded.
The raw data transfer speed varied from a minimum of 6 Mbits/s to a maximum of 13 Mbits/sec.



The worst case came when using the 400 Hz AC line with the RADAR going through start up.  The
best cases were every configuration of the 28 VDC where high rates were recorded for every test.
An anomaly to the test was an asymmetry observed when using the 400 Hz AC lines.  In that
configuration, higher network speeds were noted when transmitting from station 8b than were seen
transmitting from station 2a.  This case usually occurs when the one of the devices of a network pair
is closer to a noise source than its companion.

On the F-15C, tail number 101; tests were conducted using the aircraft’s engines.  Again the AIM 9
connectors at stations 2a and 8b were employed.  However, tests were conducted on the 115 VAC
400Hz powerlines only, as these had been the worst case of the previous testing.  In this testing an
asymmetry was again noticed, in that transmission from station 8b to station 2a was noticeably better
that vice versa.  However, in this case the difference was not as pronounced as in the previous
testing.  During this set of tests the minimum raw data rate observed was 11.7 Mbits/s while the
maximum was observed to be 13.3 Mbits/sec.  A video teleconference was established between the
test computers and full motion video (and audio, but we couldn’t hear it with the engines going) was
passed between both computers.  During this testing spectrum analyzer traces were plotted and
evaluated for bandwidth use.  Figure 4 is a spectrum analyzer trace from a maximum throughput test.
The video streaming was found to take less than 10% of the available bandwidth.

Figure 4 OFDM Transmission over F-15C Powerline
(Station 8 to Station 2)



Note on the raw data bandwidths that when network overhead is added for a standard protocol such
as Ethernet the data transfer speed is reduced to about 4 Mbits/s.  An evaluation of all the tests taken
using F-15 Aircraft in the loop showed that the minimum ethernet equivalent transfer speeds varied
from a minimum of 2.7 Mbits/s to a maximum of 4.075 Mbits/s.  The median of this data was 3.8
Mbits/s.

Additionally during the demonstration engineers tested various test benches and avionics support
laboratories in an attempt to demonstrate the system under various conditions.  It was found that the
system can be swamped by noise, particularly in a very dirty laboratory power environment.
Electrical fans that are found in many test benches have proved to be a particular problem for SNR
requirements of the system.  The effects of swept noise sources, such as an airport RADAR, were
found to be of little to no effect.

Conclusion

Eglin’s 46TW has employed a novel approach to achieve a high bandwidth data transfer network for
test systems.  The CENTS LAN backbone uses an OFDM waveform to establish a network on
standard aircraft powerlines.  The OFDM technique is a classic communication method that has been
successfully adapted to the challenging RF environment of aircraft powerline wires.  Measured raw
data speeds of up to 13 Mbits/s have been demonstrated on two different F-15 aircraft. CENTS is
considered to have a Moderate Implementation Risk with a High Process Savings Payback.
Potential Process savings payback is rated high due to the tri-service application of the CENTS, the
substantial reduction in aircraft wiring/downtime, the quick reaction instrumentation capability, the
built-in-test and reduced manning supportability provided by CENTS installations.



SMART SENSORS
VS

DISTRIBUTED DATA ACQUISITION
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ABSTRACT

Distributed processing is coming to data acquisition. The desire for smart sensors that can pre-
process data, is growing. Making sensors themselves intelligent will reverse the historic trend toward
smaller and cheaper sensors. Incorporating current sensor technology into data acquisition nodes in a
network will create a distributed data acquisition, DAQ, environment that can acquire data from
around the world over the Internet. The future is now.
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INTRODUCTION

A recent article of Sensors Magazine featured several prominent people in the data acquisition field
discussing what they thought sensors would look like in the 21st century. The consensus was they
would be:

• Easy to use
• Smart
• Web-based

Ease of use has always been and will continue to be an issue; however, smart sensors that
communicate over a network are a relatively new concept. A smart sensor will:

• Send a message over a network that a bearing is about to fail instead of outputting a voltage
that represents a vibration waveform

• Send a message over a network that the monitored temperature is inside or outside a pre-
determined range instead of outputting a voltage that represents the temperature



• Send a message over a network that the wind speed is 12 knots instead of outputting a
voltage that represents a wind speed of 12 knots

• Send a message over a network that a patient is going into cardiac arrest instead of
reproducing the waveform of a heart monitor

In order to do this, smart sensors must:

• Acquire the data
• Process the data
• Communicate over a network

Embedding a miniature computer into each sensor is one approach. If cost is not an issue, an IC can
be designed with enough compute power to perform the processing required and support TCP/IP.
This chip will need power and a battery is necessary.

Wirelessly networking smart sensors will provide more flexibility than hard-wiring Ethernet cables.
The bad news is, transmitting an RF signal will also require power, and range will be a function of
the emitted radiated power. A battery can be either included in the sensor package, or external and
attached in some manner. Either way, battery power and life are issues.

DISTRIBUTED DATA ACQUISITION

Another approach is to combine existing sensors with a small computer connected to a network. The
network will have DAQ nodes and compute nodes. DAQ nodes will acquire and store data. Compute
nodes will receive data from DAQ nodes and analyze it. This network can be connected to other
networks, including the Internet.

DAQ NODES

Sensors can already acquire data. Adding some form of compute power will enable sensors to
process data and communicate over a network. If size were not an issue, a PC with data acquisition
cards, analysis software and a network interface card bought in a discount store will acquire and
process data and then send it over a network following the TCP/IP protocol. TCP/IP stands for
Transmission Control Protocol/Internet Protocol and is the basis for networking, both corporate
LANs and the Internet. The term “web-based” implies support of TCP/IP.

Defining smart sensors that are web based is the same as describing distributed data acquisition.
When Sun Microsystems was founded, their motto was “The network is the computer.” The benefits
of networked computing were not obvious to the majority of people and the motto was perceived to
be marketing hype. Today, the benefits of networking computers have been brought to the masses
with the Internet. Networked DAQ has yet to be accepted by the majority of DAQ users.

Distributed DAQ will consist of a network of compute nodes and DAQ nodes. Compute nodes will
run analysis and display software and receive data from DAQ nodes. A DAQ node will have a small,
rugged computer to control the DAQ and support the required network protocols. It will be a node
on a network. Existing sensors can be used in the same manner they are today.



Figure 1. DAQ Node

An example of creating a DAQ node by combining intelligence with existing sensors is a machine
with 16 bearings. All bearings on the machine must be monitored for excessive vibration. An
accelerometer is placed on each bearing and a DAQ node samples all 16 accelerometers and
monitors the level of vibration. This node can programmed to report to a compute node at
predetermined times on machine status. The message might say all bearings on the machine are not
vibrating excessively, or that a specific bearing(s) on a specific machine is nearing or exceeding a
pre-determined vibration level. The machine will be a node on the network and send intelligent
messages over the network about its status.

COMPUTE  NODES

A compute node on the network will log on to a DAQ node. If the DAQ setup needed to be
reconfigured, the computer in the DAQ node will make any changes dictated by the computer in the
compute node. DAQ nodes can store acquired data with a time stamp and transfer it over the
network on demand, or send it as it acquired. This will allow data to be acquired and analyzed
locally or anywhere in the world that has Internet access.

One caveat is that networks are not suited for real-time systems. TCP guarantees accurate
transmission of data. When a packet of data is sent from a DAQ node to a compute node using TCP,
the DAQ node waits for an acknowledgement from the compute node that the packet arrived
correctly. If an acknowledgement does not arrive in a pre-determined amount of time, the DAQ node
“times out” and resends the same packet. This will continue until an acknowledgment is received.
When an acknowledgement is received, the DAQ node sends the next packet.

If packets of data from two DAQ nodes arrive at a compute node at the same time, one will make it
through and one will not. The DAQ node that was not acknowledged will resend the same packet. It
is difficult to accurately predict the delay in a given network, which is dependent on network
topology. Events are happening in random on a network and delay times are variable and typically
less than 10 milliseconds.



NETWORK CONNECTIONS

Network physical connection options are:

• Hard-wired - Most office buildings are hard-wired for Ethernet. RJ45 jacks are placed in
walls like telephone jacks. The jacks are wired to hubs, which are connected into a corporate
network.

• Wireless - The IEEE 802.11b specifies a WLAN operating in the ISM band at 2.4GHz. The
specification is growing in popularity and wireless LAN interfaces are available at discount
outlets.

• Internet – Most company networks are connected to the Internet with some form of firewall
to protect against unwanted intrusion. A number of Internet Service Providers offer
connection to the Internet.

• Satellite – For those applications where
o The Internet does not have the bandwidt ,
o Internet security is not good enough,
o It is located in a remote, inaccessible area,
o There is no local communications infrastructure,

 satellite ground stations are available to make network connections over a satellite.

Once you are on a network, the world is your laboratory. A few examples of Distributed DAQ:

• A manufacturer of farm equipment wants to monitor hydraulic pressures in a combine
actually working on a farm in Minnesota. The DAQ node will be powered from the
combine’s electrical system and when then combine is running, it will monitor pressures and
send data over the Internet using a cell phone.

• Monitor the final system testing of a fork lift truck with a DAQ node wirelessly connected to
a company network. Test parameters will automatically be added to an SQC data base for
long term tracking of each truck. This system will also be used for remote troubleshooting at
customer sites over the Internet.

• Monitor a spacecraft engine in a vacuum chamber through a thick glass window using a
WLAN DAQ node connected to a WLAN compute node in a laptop computer. This is a two-
node wireless DAQ network. The compute node will control the DAQ node.

• Monitor a hazardous material site and send the data to the EPA in Washington over a
dedicated satellite communications link using TCP/IP.

Data acquired by these DAQ nodes can be accessed from a compute node anywhere on the Internet.
All data will be time-stamped, and correlation of the time will be a requirement of the analysis
software.

CONCLUSION

It is much more cost effective to group sensors into intelligent DAQ nodes on a network rather than
build intelligence and support for networking protocols into sensors. Distributed DAQ is available
right now. Figure 2 below is a block diagram of a two-node configuration of ViaSat’s MiniDAT



high-speed, wireless, networked data acquisition system. More information about MiniDAT can be
found at http://www.viasat.com/government/wireless/minidat.htm.

Figure 2. A Wireless Two-Node MiniDAT DAQ Network
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ABSTRACT

Boeing Commercial Airplanes has used many methods in the past to measure the structural loads on the
wings of its airplanes. The most recent approach is to use arrays of MEMS pressure sensors on the top and
bottom surfaces of the wings. By knowing the difference in pressure between the top and bottom of the
wings the structural loads on the wings can be calculated. It was decided that in order to build an array of
1100 sensors it would be necessary to condition the sensors and convert the analog output to a digital form
at the site of the pressure measurement. This process was taken one step further by converting the output of
the A/D converter into engineering units within the sensor module as well. The array is built using a flex
circuit card in one foot sections that can be interconnected to form an array of up to 125 sensors. There is a
sensor location every two inches on the flex circuit but not all locations are populated. This paper will
describe not only the pressure belt but the lessons learned during the development and the implications that
these lessons have for smart transducers in general.

KEY WORDS

Structural Loads, Smart Sensors, Sensor, Signal Conditioning, Signal Processing, Calibration, Multi-Chip
Module (MCM), Pressure Belt

INTRODUCTION

Airplane structural designers have always needed to know the forces acting on an aircraft wing. In the past
there have been many attempts to measure these forces but they all have their drawbacks. One way to
make the measurement is to use strain gages on the wing structure and to measure the forces directly. The
disadvantage of this method is that the method is labor intensive and therefore costly. Not only do numerous
strain gages need to be installed but after installation the entire structure must be calibrated. The calibration
involves building a structure around the airplane, attaching hydraulic rams between this structure and the
wing, applying known loads and measuring the response of the strain gages. In an attempt to eliminate the
need to perform this strain gage calibration, airplane testers have resorted to the use of "pressure belts." If



the pressures on the wing surface are known the forces on the wing can then be calculated. In the past a
pressure belt has consisted of a number of 1/8th inch plastic tubes that were taped to the outside of the
aircraft wing. One end of the tube is sealed and the other end is routed inside the wing and connected to a
pressure scanner. A hole is then drilled in each tube at the location on the wing where a pressure
measurement is to be made. In purely static airflow situations this method works very well. However, when
pressure fluctuations exist the tubes act as filters and both attenuate the magnitude of the pressure change
and delay it as well. This paper describes a new technology that has been developed to make this
measurement. In this new approach the 1/8th inch tubes have been replaced with a flexible circuit card .
Every two inches along the circuit card there are provisions for installing a pressure measuring module. The
belt itself is built in one foot sections which can be interconnected to create a belt that is long enough to
reach across the wing from front to back. This type of pressure belt eliminates the problems introduced by
the tubing and is much simpler to install since it only requires a small cable be run inside the wing to an
electronics assembly.

REQUIREMENTS

The requirements for the pressure belt are driven from various sources. In order to be able to make the
measurement with minimal disturbance to the airflow the sensor array must be thinner than the boundary
layer of the airflow across the wing. It also not have any abrupt edges since these would also impact the
airflow and cause errors in the pressure reading as well as possibly changing the flow of the air over the
wing. The outside of the wing is a severe thermal environment as well. Temperatures will vary from as low
as -60°C at altitude to highs of 55°C when setting on the ground in the sun. The other aspect of the problem
is that the desired measurement is the difference in pressure between the top and the bottom of the wing.
However, since it is highly undesirable to install tubes from points on the wing surface, through the fuel
tanks, to differential pressure sensors inside the wing, the absolute pressure on the wing surface must be
measured on both surfaces and the pressure difference calculated. This requires a more accurate pressure
measurement. The goal of this pressure belt is to be able to measure the pressure with a maximum
uncertainty of  ±0.1% of full scale. Real time display of  the 1100 sensors that are planned on a wing
requires a significant amount of computing power. It is also desirable to limit the amount of information that
needs to be stored in the data system data bases. For these reasons it was decided to convert the sensor
output into engineering units at the sensor. This distributes the processing power required and allows the real
time display system to skip the process of calibrating each of the 1100 input parameters.
From this information it was decided to develop a pressure sensor module that was approximately one inch
square and less than 0.1 inches high when installed on the wing of the airplane. A fairing is required to cover
the module and to make a smooth surface that would have minimum impact on the airflow. The thickness of
the fairing at the point of making the pressure measurement is included in the 0.1 inch thickness. The sensor
would need to measure pressure from zero to 15 psia over the temperature range of from -60°C to 55°C
with a maximum uncertainty of  ±0.015 psi.

THE SENSOR

The sensor that was chosen for this project is a MEMS device made by Endevco. The device is a
modification of the sensor used in the Endevco model 8515C-15 pressure sensor. The changes to this



device include converting it from a wire bonded device to a "flip-chip" configuration. It was also decided to
remove the temperature compensation circuit that is normally included as part of this sensor. The sensor
itself is 0.049 inches wide, 0.067 inches long and 0.016 inches high. The diaphragm which contains the
wheatstone bridge sensing element was not changed. The nominal resistance of the bridge circuit is
approximately 2000 ohms. The support structure however was changed to make the electrical connections
from the bottom of the die rather than the top. This flip-chip mounting removed the need for wires from the
top of the original sensor to the substrate. This minimizes both the area required by the sensor and the height
required. As part of the development process we mounted some of these sensors on substrates and flew
them on a few test flights to learn how they would withstand the environment. The first problem occurred
when somebody removed the "speck of dirt" (the sensor) from the installed part. That one didn't work
anymore. The next problem occurred when the airplane flew through a rain squall. The sensor diaphragms
were shattered by the impact of the rain drops at an airspeed of 245 knots. The current design places a
small perforated metal cover over the sensor.

THE SIGNAL CONDITIONING

Figure 1 is a block diagram of the signal conditioning circuit. The active parts of the signal conditioner are all
included within an analog Application Specific Integrated Circuit or ASIC. The ASIC requires that all
signals be kept within the range of 0.5 to 4.5 volts when excited with a five volt supply. The sensor is
excited with a constant current in the range of one to two milliamperes. Both the excitation voltage across
the bridge and the bridge output are measured with this circuit. A resistor in series with the bridge is used to
keep the voltage at the lower end of the bridge above 0.5 volts. An instrumentation amplifier is used to
interface the bridge excitation voltage into a twelve-bit Analog to Digital Converter (ADC). The gain of this
circuit does not need to be varied and no filtering is used. The bridge output is amplified using two variable
gain amplifiers (VGA). The first stage amplifier has an eight-bit Digital to Analog Converter (DAC) driving
its reference input to provide an offset correction. The second stage of gain is similar except that it amplifies
the difference between the output of an eight-bit DAC and the output of the first stage amplifier. Using these
two gain stages gains from one to 256 can be obtained and initial offsets in the sensor and the electronics
can be corrected.
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Figure 1 Signal Conditioning Block Diagram



Some of the passive components required are built into the ASIC and others are supplied externally. The
internal passive components control the gains of the amplifiers and the step sizes of the DACs. The internal
passives are not trimmed so the absolute accuracy of these elements is in the range of ±20%. An analog
anti-aliasing filter with a cutoff frequency of approximately three kilohertz is included. The characteristics of
this filter are set by surface mount resistors and capacitors. These components have a tolerance of  ±10%
so the cutoff frequency and roll off characteristics of this filter are not set very precisely. In addition surface
mount capacitors with enough capacitance to obtain a cutoff frequency in the range of two hertz, that were
not physically too tall to mount on the substrate and keep the overall height less than 0.1 inches were not
readily available. For these reasons the cutoff frequency was set at around three thousand hertz. The ADCs
are both run at a sampling rate of 51,200 samples per second which is about half of what their maximum
sampling rate and is high enough to avoid aliasing with the filter that could be built.

THE SIGNAL PROCESSOR

Figure 2 is a block diagram of the signal processing circuit. All of these circuits are included in a digital
ASIC. The original intent of the designers was to make this circuit meet the needs of a number of
applications but due to schedule and budget constraints this goal was not always met. The inputs to this
signal processing circuits are from the two ADCs in the signal conditioning. The excitation output of the
signal conditioner is passed through an averaging circuit where the sample rate is reduced from the 51,2000
samples per second to the 20 samples per second required by the pressure belt application. The output rate
of the averaging circuit is programmable so other rates can be achieved if desired. The bridge output from
the signal conditioner is passed through a Finite Impulse Response (FIR) filter. This filter decimates the input
sample rate from the 51,200 samples per second of the ADC to the desired 20 samples per second of the
application. This filter is also programmable and can be used for almost any sample rate from one sample
per second up to 1280. As designed and programmed for the pressure belt application this filter provides a
response of two hertz. At the lower output sample rates the characteristics of the analog anti-aliasing filter in
the signal conditioner have very little influence on the overall frequency response of the measurement. As the
sample rate increases the characteristics of the analog filter will become more noticeable.
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The Correction Engine is a state machine that is designed to implement the correction process described in
the IEEE 1451.2 standard. This process can take from one to 255 inputs, each being broken down into
from one to 255 segments and produce a single output that is a function of all of these inputs. For example it
could take a single input, which was divided into a number of straight line segments to produce the output.
By setting it up differently this calibration could be broken down into a number of polynomial segments
instead of straight line segments. For this application with this sensor two inputs are used and each input has
only one segment. This means that the calibration is a three dimensional surface instead of the more common
two dimensional line. The equation for the sensor used in the pressure belt takes the form shown in Equation
1. In this equation the x inputs correspond to the Excitation output and y to the Bridge output from the
ADCs. To generate the coefficients for a particular sensor the module is placed into a pressure chamber
inside a temperature chamber. Twenty-one point pressure calibrations are then run at eleven different
temperatures between -60°C and 55°C. The coefficients are calculated using a best fit technique upon the
raw data. This process can also be labor intensive and costly so we have developed software to automate
the process and we run several modules at the same time. This calibration process is why we are not
particularly concerned about the large tolerances in the gains and offsets in the analog ASIC and the lack of
a temperature compensation circuit in the sensor itself. The entire module, including the sensor and the signal
conditioning is calibrated using this one process. This calibration process corrects for temperature effects on
both the sensor and the signal conditioner an the same time. Early in the process we performed this
calibration process upon the sensors without the signal conditioning. If a straight line was fit through the data
the results were an uncertainty of ±7%. Once the calibration was applied the uncertainty was ±0.04%. This
leads us to believe that the combination of the sensor and the signal conditioning should still give a result
within ±0.1%. The correction engine can process the equation shown in Equation 1 9000 times per second
with a 10 Mhz clock.

Equation 1 Calibration curve for the pressure belt sensor
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The bus interface is the logic that allows the module to communicate over an RS-485 interface to a bus
controller. The microcontroller is a modified version of the 8051 processor. It is used to setup the
processing path. Other uses for the 8051 involve running diagnostics and monitoring the data path. It is not
involved in the normal data processing.

THE MULTI-CHIP MODULE

The sensor, analog ASIC, the digital ASIC and memories are mounted on a substrate that is 1.23 inches
wide by 1.03 inches long. Figure 3 is a photograph of the first Multi-Chip Module (MCM) that was
assembled before wire bonding. The sensor is in the lower right of the picture. The circular ring around it is a
glass ring. The protective cover will be attached to the top of this glass ring. The chip on the upper right is
the analog ASIC containing all of the active components for the signal conditioner. The chip in the upper left
is the digital ASIC which contains all of the signal processing logic. The chip in the lower left is the SRAM



and the chip in the lower center is the EEPROM. The chip in the center of the MCM is an inverter that is
used to correct a signal inversion problem between the analog and digital ASICs. The remainder of the
components are resistors and capacitors used for various functions.

Figure 3 Multi-Chip Module before wire bonding

THE BELT SEGMENT

A belt segment is a flexible printed circuit card with provisions for mounting up to six sensor modules and
the supporting circuitry. The RS-485 drivers are mounted on the belt rather than the sensor module since
that means there are a limited number of RS-485 devices that can share the same bus. By putting the drivers
on the belt the number of drivers and receivers on the bus was minimized. Since the bus can be long, up to
about 50 feet, and the power consumed by each module is rather high, (about 0.6 watts) it would be
necessary to regulate the voltage on each belt segment rather than at the end of the belt. Linear regulators
are used instead of switching regulators to keep the noise down. The regulators must be physically small to
fit under the 0.1 inch height requirement so provisions are made for three regulators per segment. The belt is
supplied with eight volts DC to provide adequate input voltage for the regulators at the far end of the bus
while limiting the power dissipation in the regulators at the near end of the bus.
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Figure 4 Belt Segment Block Diagram

Since pressure measurements are not required every two inches across the airplane wing the belt segments
is normally built with only the desired locations populated. In practice very few belt segments used in a
pressure loads survey will have more than sensor modules installed and some will have only one.

THE FAIRING

The cross section of the fairing is shown in Figure 5. The MCM is shown with the sensor in the center which
is not how the MCM is implemented. It is at the sensor location that the height of the assembly must be 0.1
inches or less. Ideally the airflow is at right angles to the plane of the figure. However there will be
components of the flow that are within the plane of the page so that the air must rise above the airplane wing
surface before crossing the sensor. The height of the "humps" in the fairing was determined using a
Computational Fluid Dynamics simulation. With a flow in the plane of the paper there should be zero
measurement error caused by the airflow across the fairing. The fairing is molded at this time but
considerations are being given to extruding them.

Wing Surface

Copper Bus BarFairing
Belt Segment

MCM

5 MIL Aluminum Tape

Figure 5 Fairing Cross Section



ASSEMBLY OF THE BELT

The first two steps are to assemble the belt segments into one long belt and to assemble the fairing segments
into a fairing of the same length. Assembling the belt segments consists on soldering the belt segments
together end to end. If the belt is long and has to many sensors on it copper bus bars may be installed to
lower the voltage drop down the length of the belt. This interconnects the segments into one long belt. A
cable is attached to the end of the belt to connect to the controller that will be inside of the wing. The fairing
segments are assembled by placing them end to end on a long flat surface and running a four inch wide piece
of 5 MIL aluminum tape down the entire length of the fairing. The fairing is then turned over and holes are
punched in the tape at each sensor location. The assembled belt is then turned over and placed into the
fairing and taped to the back side if the fairing. The entire assembly is then taken to the airplane and
positioned on the airplane wing. Additional pieces of the 5 MIL aluminum tape are then placed parallel to
the tape holding the segments together. These pieces of tape extend out past the edge of the belt and fasten
the belt to the wing. With this method of attachment the belt is not fastened directly to the wing so that
stresses caused by the wing bending do not get introduced into the pressure sensors causing errors.

OPERATION

The operation of the belt is controlled by a bus controller inside the trailing edge of the wing. The bus
controller supplies a clock at approximately 2.46 MHz that is used to control the sampling in all of the
sensor modules. The bus controller issues Global Trigger Commands twenty times per second. This trigger
does several things. First it resets all of the dividers that are dividing the clock down so that they are all
starting at the same time. This synchronizes the sampling across all modules. It also  synchronizes the
operation of the digital filters. The periodic nature of the trigger will cause resynchronization to occur if one
of the dividers has gotten out of synchronization but otherwise should not change anything in the sampling
circuit or the digital filter after the first trigger is received. The one thing that is different on each trigger is that
the previous sample of data is transferred to the output register where it is available to be read. After issuing
the trigger the bus controller will then issue individual read commands to each sensor module, accept the
response from the sensor module and pass it on to the data recording system. Eventually we expect to put
the bus controllers on a network and to pass the data in packets but we are not there yet.

THE DEVELOPMENT PROCESS

This development has involved three different groups within Boeing, Endevco and Georgia Institute of
Technology with financial support from DARPA. The lead organization was a group that had expertise  in
packaging electronics in very small packages. They developed the Multi-Chip Module that contains the
sensor and supporting electronics. Another group provided the ASIC development capability for both the
analog and digital ASICs. They designed the analog ASIC with support from Endevco. The digital ASIC
was a joint development. The Boeing Commercial Airplane  test systems group, Endevco and the ASIC
development groups all provide portions of the design of this ASIC. Boeing Commercial Airplane test
systems group provided the digital filter and the correction engine designs, Endevco provided the bus
interface and the ASIC development group provided the 8051 core that completed the design. Endevco



provided the programming for the 8051 processor. Georgia Institute of Technology developed the coatings
that are used to protect the modules for the environment.

Initially Endevco designed printed circuit boards with an 8051 processor and three FPGAs to support the
development of the digital ASIC. They also built a printed circuit board with the same circuit on it that was
going into the analog ASIC. These boards were used to develop and test the designs before the ASIC
designs were sent to the foundry. Once the designs were completed and the ASICs were returned from the
foundry Endevco again built printed circuit boards using packaged versions of the ASICs. Again these
circuits were checked out to determine if the ASICs performed like the earlier prototypes. During this time
the printed circuit cards were being checked out the initial multi-chip modules were being laid out and built.
There were problems identified with each level of prototype that was developed. The MCMs are being
assembled as this paper is being written and again problems are being found. Having the printed circuit
boards available to compare against when things go wrong on the MCM has proven to be a very wise
decision. Trying to probe a module with bare die on it is not a trivial task.

THE PROJECT STATUS

The first MCM modules are being assembled by Boeing as this paper is being written. Additional MCMs
are being fabricated by Endevco as part of the technology transfer process. Problems have been found with
the first MCMs and corrected so we believe that that process should go relatively smoothly now. The first
set of belt segments are being fabricated by Endevco. A flight test of the initial belt segments to test the belts
is being planned for September 2001. The first actual installation for "real data" should occur in the third
quarter of 2002.
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ABSTRACT

Traditional communication hardware has focused on modular architectures. Now, with the incoming 
high speed DSP and FPGAs a shift from traditional modular architecture to reconfigurable architec-
ture has taken place. The nature of this architecture allows to optimize various telemetry applications 
in a single platform. This paper describes a reconfigurable multi channel communication system.
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INTRODUCTION

A high bandwidth reconfigurable signal processing platform is under development as part of a
reconfigurable communication system research program at Navtel Systems. The objective is to
develop a reconfigurable communication terminal for telemetry applications. The nature of the
hardware allows to adapt different signal processing requirements during various phases of the
program in order to validate each phase in a highly flexible way both in hardware and software. The
hardware functional requirements are the following:

1. System simulator 

2. In-built instrumentation for real time test

3. Application selectable modulation and demodulation schemes

4. Application selectable bit synchrononization schemes

5. Application selectable forward error corrector codec



6. Stream and block based signal processing

7. ASIC emulation facilities

8. High speed PCI interface

The development program is based on three phases.

Phase I: Develop two platforms, FlexiCom 260A based on the Tiger Sharc DSP from Analog
DevicesTM and the 2nd platform NEPTUNE 2080 is based on the C60 DSP family from Texas
instrumentsTM.

Phase II: Development of an Intermediate Frequency Processor IFP4010. This has three receiving and
one transmitting channels.

Phase III: Development of an antenna Front End Processor, AFP16B25 covering 1.6 GHz to 2.5 GHz.

HARDWARE PLATFORM OVERVIEW

The platform is made of three parts as shown below. AFE16B25, IFP4010 and Flexicom260A or 
Neptune 2080. The platform constitution is given below.
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The platform hardware layer consists of multiple DSPs and high density FPGAs. This allows algo-
rithms implementation in a flexible way for modulation schemes, bit synchronization and error cor-
rection methods. The hardware has been designed to handle block and bit stream level processing in a 
multimedia communication environment (Speach, Video and Data).

SYSTEM LAYERS

The platform can be considered as a set of logical layers and their constitution in a reconfigurable 
hardware platform is given below.
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SYSTEM LEVEL INTEGRATION OVERVIEW

BASE BAND PROCESSOR RESOURCE DIFFERENCES

Table 1: Baseband Platform Comparison

Resources Neptune 2080 Flexicom 260 A

Hardware Reconfigurable Reconfigurable

DSP 4 x Ti320C6201/6701 5 x Tiger Sharc

Number of channels 4 5

FPGA block I 600 K to 1200 K Gates 600 K to 1200 K Gates

FPGA block II 600 K to 1200 K Gates 600 K to 4200 K Gates

FPGA block III  1000K Gates  2000K Gates

PCI Interface 32 bit master slave 32/64 bit master slave

Flex iC o m 2 60A  o r N eptune 2080

IF4 010

N u m b er o f baseband  processo r not lim ited

A FR 16B 25

PC I 32/64 B us



SIGNAL PROCESSING

Today telemetry equipment are different from what they used to be in the past due to the handling of
different modulation and error correction schemes according to the channel environment. At the same
time, the new equipment has to be compatible with former existing standards (eg. Concatenated
coding as well as Turbo coding). The reconfigurable technology meets both requirements.

INTERMEDIATE FREQUENCY PROCESSOR IFP4010

It is made of three parts: an input IF filter followed by an input power meter, AGC, ADC, down
converter module (off-the-shelf chip or implemented in FPGA). The ADC clock has been designed to
enable the selection of the input clock from three possible sources : 

• Fixed clock for bandpass sampling

• Closed loop control clock from the demodulation block

• OFDM clock module

The FPGA down converter is made of quadrature multipliers (the local oscillator output takes the form 0,1-
1,0...), linear phase filters (the use of a half band filter reduces the computational load) and a resampler. Access
to the IFP4010 is performed through any base-band channel. Under simulation mode, the up and down
converter modules can be put to the loop back mode.

BASEBAND PROCESSOR

Two different platforms are available for algorithms implementation: FlexiCom 260A and Neptune 2080. The
baseband processor handles

• Modulation and Demodulation ( single and multi carrier)

• Bit synchronization

• Error CODEC 

• De-commutation

Modulation demodulation modules

The reconfigurable modulation schemes allow to select the modulation format adapted for the
environment : example S/N (Signal/Noise ratio). Some of the modulation schemes used in satellite
and terrestrial communications are summarized below.



The demodulation data flow chain consists of a digital down converter, a root cosine and I&D filter-
block and a carrier tracking loop. The spectrum shaping filter excess bandwidth varies between 0.35 
and 1. It is function of the combined effects of the transmitter and receiver channels. The reconfigura-
ble hardware allows to set up filter tap values dynamically according to the environment. The DSP 
requires a hardware support when the bit rate is higher than 1Mb/s. The phase error calculation can be 
aided by a prediction block which estimates the possible received signal position from the timing 
error value. The Tiger Sharc DSP is better adapted than the Texas C60 family for the carrier phase 
detector, AGC, and loop filter calculation due to its floating point capability as well as its internal 
architecture.

OFDM IMPLEMENTATION

The OFDM is another modulation scheme finding more and more applications in the aircraft testing 
due to multipath effects in the telemetry channel and spectral efficiency. The system requires a linear 
amplifier due to multi carriers ( the hardware is designed to study peak to average power reduction 
using coding).
The system design parameters fall into two main categories: number of carrier selection and type of 
channel coding. The number of carriers required is function of the bit rate, OFDM symbol rate and 
delay spread of the system. The type of error correction depends on the application ( Viterbi-RS or 
Turbo codes). The channels coding with its interleavers requires a flexible memory structure but this, 
in turn, depends on the selected coding with its block size. 
In the receiver, three Tiger SharcTM DSP with the associated FPGA block are able to handle an 8K 
carrier system. The required functions are synchronization, demodulation, channel estimation and 
equalization. The reconfigurable nature of the hardware allows to select dynamically modulation, 
synchronization and error correction according to channel conditions. For example, if the channel 
path of the receiver is good, then the system is able to use a higher modulation scheme. In order to 
adapt the channel, the system has to be a transreceiver for having communication with the transmitter. 
Flexicom 260A consists of three receiver channels and one transmission channel, in order to handle 
adaptive modulation schemes.

Table 2: Modulation schemes

Format Application

BPSK Space

MSK and 
GMSK

2G

QPSK Satellite and 3G

8 PSK Satellite

QAM Microwave Digital Radio
Direct Video Broadcast



BIT SYNCHRONIZATION

The hardware has been designed to handle closed and open loop synchronization methods. Both of 
these structures use on-board MNCO (Modulation Numerical Control Oscillator ). In the case of open 
loop, the MAP and Gardner’s interpolation structures (no common clock between demodulator and 
bit synchronizer) are both possible. The MAP method requires a large number of match filters. How-
ever a reduced number of match filters can be used to make a rough estimation. This estimation is 
used to shift the MNCO phase and then close the loop. In the case of an interpolation method, one 
requires two samples from the interpolator block : one is used to strobe the data and the 2nd one is 
used as the mid-sample. Both samples are used to calculate the error ; the calculated error is filtered 
and used to control the resampler NCO. The error calculation is based on the previous symbol, the 
current symbol and the mid-symbol. The use of the two interpolator outputs simplifies the error cal-
culation. The lead/lag loop filter allows to correct the frequency error. The bit synchronizer block can 
receive quality information from the error corrector block in order to enhance the performance in 
closed and open loop modes. Often, the error corrector performance is limited by the bit synchro-
nizer. In Flexicom 260A, under the bit synchronizer mode, it is possible to reconfigure the bit syn-
chronizer according to the channel conditions as well as improve the performance by using 
information coming from the error correction block.

SOFT DECISION 

The MSB of the bit provides the hard decision and the remaining part of the LSB provides the confi-
dence information. The number of soft decision bits depends on the type of error corrector used. The 
Turbo coding is associated with the next generation systems and one of the parameters needing to be 
evaluated is the number of soft bit outputs for a given application. As the number of bits increases the 
computational complexity increases.The reconfigurable technology allows to study this problem in a 
flexible manner. The Tiger Sharc processor is selected for fixed and floating point capabilities in 
order to evaluate the turbo decoding .

FORWARD ERROR CORRECTOR

Various error correction modes can be configured on the hardware :

• CCSDS concatenated RS - Viterbi

• CCSDS turbo codes

• Product codes ( RS and turbo codes)

The on-board memory is designed to handle various types of interleavers/de-interleavers. The choice
of interleaver is based on the environment and on the type of errors. Today turbo and turbo-product
codes replace Viterbi-Reed Solomon combinations in many applications. 



SIMULATOR AND INSTRUMENTS

The system consists of in-built instruments allowing performance measurement in terms of Bit Error
or Frame Error mode. There are two possible ways to configure the hardware : either half of the
system resources are used as the simulator or two base band processors are used : one as a simulator
and the other one as the receiver.

CONCLUSION

This paper provides various functional signal processing modules found in emerging and legacy
communication satellite and telemetry applications. Today two platforms are available to test and
evaluate the performance of different algorithms. Algorithms are under test using Neptune 2080
while waiting for the Flexicom 260A platform. Early simulation results on Flexicom 260A Tiger
SharcTM based DSP hardware show that it outperforms Neptune 2080 based on DSP TMS
320C6201/6701TM. The FPGA family VirtexTM from Xilinx with multiple DPLL facilitates the turbo
decoder architecture. The hardware allows to test algorithms in C and VHDL (in a core design
concept environment).
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ABSTRACT

This paper introduces new telemetry (communications) equipment based on Digital Subscriber Loop
DSL technology (high speed transmission over copper cables) for defense and industrial applications.

A brief xDSL technology overview is followed with introduction of the new ‘P3’ product and its
application, reviewing advantages of using copper as a communications medium whenever rapidly
deployed data and voice links are essential.

An Australian Army report, detailing a specific equipment deployment’s findings is reproduced as an
independent reference material.

KEYWORDS

Asymmetric Digital Subscriber Loop Technology - ADSL
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Discrete Multi Tone Modulation - DMT
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Introduction

A modern military force depends on reliable communications to ensure field success. That’s why it is
vital for a communications system to be fully capable of handling high data rates, be simple to install
and offer flexibility of wide range of applications. That is where the new patented Portable xDSL
System offers a way forward for secure telemetry transmission equipment.

xDSL technology offers fast transmission rates over standard copper cables. A new design of a portable
xDSL-based transmission system, specifically tailored for defence and industrial applications, offers
advantage for tactical deployed LAN extensions in terms of speed and distance and a wide range of
additional features. These features, such as, meteorological monitoring stations, remote air and moisture
sensors, data encryption, HP-IB and other industrial control interfaces and numerous other telemetric
applications are provided by a standard PCM/CIA cards. To date, there is no equivalent product on the
market in one self-contained portable package.



The strength of xDSL in defence and industrial applications is that the technology effectively provides
viable high-speed communications links over a sturdy physical infrastructure (copper cable ; plain or
reinforced). In fact, copper remains the preferred infrastructure in many military and industrial
applications. While fiber-optics clearly offer more bandwidth, the cable often breaks under strain and
repair is often unpractical in the field environment. Wireless technology offers easy solutions but only
where the radio waves can propagate. Copper, on the other hand can be installed rapidly and
inexpensively and, used with xDSL transmission technology, offers fast transmission speeds
(8Mbit/sec).

In a collaboration with the Australian Army, Defence Communications Industry, a small Australian
R&D company designed a portable Rate Adaptive DSL (RADSL, an xDSL variant) transmission
device, poised to be deployed widely in defence, mining, utilities and other industrial applications.

Although 60 to 80% of world’s DSL market remains a domain of incumbent operators, based on the
ownership of copper in the ground, there is a widely unexplored market of specialised applications for
DSL. The new concept of a portable DSL-based system has been designed to occupy this niche.

In the next chapter of this paper we briefly review the ADSL technology, compare it to other similar
broadband technologies and identify several potential non- telco applications. In chapter IV we resume
our main focus on the new Portable RADSL system.

xDSL - Technology Overview

xDSL is simply a new transmission or modulation technique that takes advantage of the unused
bandwidth or frequencies spectrum existing in telephone copper cables.

Data rates achievable are in the order of 8Mbit/sec for one direction and 1.5Mbit/sec in the other. This
modulation technology is asymmetric due to the signal interference arising at such high data rates -
hence ADSL (Asymmetric Digital Subscriber Loop).

These transmission speeds are well above the speed of conventional dial-up modems; in fact more then
50 times faster and require no new cabling and since xDSL modulation frequencies are above voice
telephony spectrum; it leaves the phone services unaffected. The same telephone (or copper) line is used
for both; high-speed data applications and standard telephony. This is in fact, xDSL’s main attraction to
service providers - no need to install new data infrastructure.

Telcos’ main xDSL applications are fast Internet and LAN extension applications. There is a distance
limitation (2..4Kms subject to line conditions). Importantly, both of these limitations are overcome with
Portable RADSL Systems - described in the later chapters.

XDSL Standards

Two main standards bodies in association with the industry are deriving xDSL standards; ANSI and
ETSI. In addition, the ADSL Forum, established in December 1996 actively promotes the ADSL
concept, facilitating development of system architectures and protocols. The ‘ADSL Forum’ web site
[www.ads1.com] offers wide ranging information including links to numerous ADSL manufacturers.

xDSL has been characterised into two principle modulation techniques:
- CAP (Carrier-less Amplitude/Phase Modulation and
- DMT (Discrete Multi-tone).



CAP is a version of QAM in which incoming data modulates a single carrier that is then transmitted
down a telephone line. The carrier itself is suppressed before transmission (it contains no information,
and can be reconstructed at the receiver), hence the adjective “carrier-less “

Figure 0 illustrates CAP frequency spectrum. It can be seen that voice channel occupies the smallest part
of the spectrum (0..4.3KHz) and can be separated (filtered) from the data frequency spectrum.

DMT (see below) is a version of multi-carrier modulation in which incoming data is collected and then
distributed over a number of small individual carriers, each of which uses a form of QAM modulation.
DMT is the basis of ANSI Standard T1.413 and is becoming the prevailing standard, considered to be
more resilient to electrical noise (DMT is the preferred standard in Defence forces).

Of interest is the fact that analogue voice telephony can be transmitted simultaneously as the data and
without interference. Both frequncy spectrums in figures 1 and 2 indicate the 4.3 kHz as voice frequency
‘channel’ - in fact 4.3 kHz is a standard bandwidth of a voice telephony (POTS).

This has been utilised in the new equipment, allowing permanent voice link, even when the computer
network (i.e. data link may be down). In fact the voice channel can be used as either a standard
telephony extension or an back up / assistance voice channel.



Technology Variants and Acronyms

ADSL - Asymmetric Digital Subscriber Line
RADSL - Rate Adaptive DSL (automatically adjusts the optimal transmission rate on any given

copper cable link)
HDSL - High Data Rate DSL (symmetric)
SDSL - Symmetric DSL (typically 640Kbitls available in both directions)
VDSL - Very High Speed DSL (up to 52.8Mbitls over short distances of up to 300m; longer

distances are achieved as the data rate is reduced)

Comparable Transmission Technologies

Voice Modems - offering maximum speed of 56 kbit/sec and typically are 33.6 kbit/sec. These days
voice modems are considered obsolete technology especially when graphic intensive files are involved.

ISDN - digital telephone lines with standard speed of 56 kbits and variants of up to 128 kbit/s. Requires
special Terminal Adapters and availability of a digital switching network. ISDN is a better alternative to
a 33.6 kbit/s modem but in the long term this technology is poised to be considered in the same league
as voice modems.

Satellite - offering down-link speed of up to 400 kbit/s and requiring up-link transmission via a voice
modem (ie. only up to 56 kbit/s). Satellite reception will require a mini-dish antenna. Its main advantage
is wide availability in rural areas.

Cable - Offering Internet transfer speeds of up to 30 Mbit/s. Typical speeds achievable are 1.5 Mbit/s for
downstream and 300 kbit/s for upstream. Importantly however, this service can only be available where
existing Cable-TV (coax cable) passes. The other important consideration is that the bandwidth on the
Cable is shared with other users. Meaning that at peak times transfer speeds would decrease. Cable is
comparable with xDSL in functionality and the two technologies are likely to coexist.

Portable (RADSL) Systems for Military and industrial Applications

The Concept

Modem data applications demand rapidly established communications links of high bandwidth. This is
particularly prominent in areas of defence and industrial applications (such as mining, telemetry, etc).

xDSL is one of the best technologies to cope with this demand. A niche market has been identified by
the Australian Department of Defence in field deployed LAN link extensions. The concept of portable
RADSL (Rate Adaptive DSL) systems has been designed with cooperation of the Australian Army and
since proven in several strategic operations.

Portable RADSL Systems provide LAN (1013T Ethernet) extensions over copper wires. Their main
advantages over standard telco xDSL systems are:

a) flexibility in bandwidth configuration
b) distance limitation (3..4KM) overcome configuring device as a “repeatee’
c) stand alone operation; no external computers are needed to operate or configure devices
d) battery operation



Additional and specific advantage for military applications is that copper offers a significantly cheaper
and simpler medium, compared to fibre-optic based infrastructure. Fibre-optic cable damages easily in
an operational environment and that is exactly where the old humble copper cable shines - as a viable
broadband communications medium.

The main appeal of xDSL in defence and industrial applications is that the technology effectively
provides viable high-speed communications links over a sturdy physical infrastructure (copper cable;
plain or reinforced). In fact copper remains the preferred infrastructure in many military and industrial
applications. Whereas fiber-optics clearly offer more bandwidth, the cable often breaks under strain and
its repair is often unpractical in the filed environment. Wireless technology offer easy solutions but only
where the radio waves can propagate. Copper, on the other hand can be installed rapidly and
inexpensively and in together with xDSL offer cheap and high speed communications links.

The new portable xDSL system, designed by the paper’s author was called “P4” (P for portable and 4 is
for four channels). These systems can be used in a number of industrial applications; are easily
configured via the onboard micro-controller (no external computers are required) and operate on
internal battery. A variety of power sources (DC or AC generators or solar panels could be used) to
operate the device.

The “P4” concept extend possibilities over the typical xDSL system. They can operate; from a simple
point to point transparent LAN (Ethernet) link to a complex web of “P4”s and importantly, as a data
repeater configuration (effectively extending the reach of P4 from 5 to 10Kms and beyond). The same
device can operate as a line qualification, testing and measurement instrument.

Data throughput, achieved over 1 to 3Km lengths of copper cable is typically in the order of 8Mbit/sec
in one direction and 1Mbit/sec in the other direction. As the distance of the link increases the effective
throughput stars to decrease (e.g. 4Km of steel reinforced copper cable, operating in adverse conditions,
produces data rates of 4.6Mbitlsec and 1Mbit1sec in respective directions).

Other applications for Portable ADSL systems include general LAN network extensions and fiber-optic
based LANs back-ups in any of the following general areas;

Telemetry applications
Defence
Fire Brigades
Police
Mining
etc.

P4’s unique design, incorporating both “master” and “slave” transceiver modules, provides for an
effective range extender (repeater) configuration. This effectively extends the physical reach of ADSL in
hops of 3..5 Km. This is an important feature as it allows very effective LAN extensions over long
distances (E.g. Rail Lines, Oil Pipelines, Airport Security perimeters and similar).

The Proof Of Concept

In April 1999 the first functional prototype of the new portable RADSL system was manufactured . The
product came with batteries making it possible for operation in isolated locations without power, as well
as, operation from a variety of AC and DC power sources.



Another important feature of P4 is to offer voice communications over the same copper cable,
independent of the data transmission (the so called “engineering wire “ that can be interfaced into any
telecommunications network).

The bandwidth, maximum possible transmission between any two P4s, is automatically set depending
on the line condition (the so-called Rate Adaptive DSL - RADSL protocol, similar to the way a common
telephone modem negotiates. The best speed possible is selected; typically 8Mbit/sec in one and
1Mbit/sec in the other direction). P4 displays actual line operating parameters on its status display
during its operation.

In total 10 x P4 were made, of which 9 were delivered to Australian army for trials.

Australian Army ‘P4’ Field Trials (incl. the Army report extract)

Australian Army tested P4s in several operations, most prominently, during its East Timor mission.

Below is a report extract by WO2 Peter Thornton and Major Ian Thomas of the Australian DoD (Signals
and Army HQ); who effectively instigated and promoted xDSL technology within the Australian
Department o Defence;

“New Technology - WDD A/TT (Don-10) Network”

Army uses fibre-optic cable to provide a communications infrastructure for logistic support. The fibre
optic cable, kevlar-armoure especially for Defence, is an expensive medium and suffers breakages from
being caught up in the track link of tanks or broken by forklifts. These accidents, actual events during
Exercise Phoenix, normally occur during night under blackout conditions. Although the fibre can be
repaired, such repair requires return to base and expensive facilities.



Army traditions uses Don-10 copper wire strands reinforced with strands of stainless steel wire to carry
voice in the field. This cable, capable of withstanding heavy stress, still gets broken but is easily
repaired by users. Wire cable deployment is also considerably easier to achieve than laying fibre optic
cable. P4 xDSL was employed during Operation Phoenix and Crocodile West to prove an ability to
replace fibre optic cable segments with Don-10 on selected long runs.

The following are some first hand impressions and feedback from Army users of the Don-10 technology
on Operation Phoenix; “Soldiers understand this and they can fix it” (meaning wire and breaks that
occur as opposed to fibre optic cable); “Can I get some more; “This is great”; and “Hey, it works”.

Portable xDSL systems provide data rates over copper or steel cables that are acceptable with
significantly reduced capital costs. P4 primary application during Operation Phoenix was to enable a
transparent LAN extension within a large logistic area, located in the bush near Tindall.

A number of specific future requirements have been discussed. One such special development is a simple
back to back xDSL modem, providing the Army with rapid deployment multimedia infrastructure over
copper cable. It greatly reduces the cost-per-line factor due to the elimination of the more cumbersome
subrack assembly of a standard system. This technology successfully provided the logistic LAN
backbone on Operation Crocodile West, 150 km SW of Tennant Creek, when fibre optic breakages and
distance limitations proved difficult to overcome.

The WDD A/TT (Don-1 0) LAN extensions are robust, cost-effective and well-accepted by soldiers.
Tempest-rated within the restricted environment, the solution is now a Defence Infrastructure standard
within the strategic environment however it is not yet formally accepted in the tactical arena.
end of report

This field exercise clearly indicated viability of portable xDSL systems. There have been several other
successful strategic deployments of the technology by the Australian DoD over the last two years
including; HMAS Cerberus, Holsworthy Barracks, Fort Queenscliff and other bases.

Royal Australian Air Force (RAAF) Airborne Telecommunications Unit (ATTU) has deployed a
number of RADSL systems for its remote communications requirements.

In summary, the Australian DoD views the deployment of xDSL as “copper cable resurrection” and the
recent operational deployments have clearly proven it.

In the most recent “real” event, the Australian Army deployed the 8 P4 systems in East Timor for
INTERFET peace-keeping operations.

The Future Of Portable (RADSL) Systems (Copper Resurrection)

Following the product’s initial deployments, we plan to release the redesigned version of the portable
RADSL system, suitable for Defence, Mining and Utilities Markets and a wide range of industrial
telemetric applications.

P3 (Portable 3 channels) is a portable stand-alone device, requiring no external devices to configure or
operate it. This is an important feature in rugged industrial applications. All unit’s management is
established via the internal microprocessor. P3’s internal batteries provide and-by operation for up to 8
hours. Internal encryption chip provide optional security over copper lines.



The product is particularly suitable for telemetry applications where a rapid deployment of data
networks is essential, including;

- Defence
- Emergency Services (Fire Brigades, Police)
- Mining
- Remote Meteorological Weather Stations
- Gas/Oil Utilities
- Remote Sensors Control/Management etc

P3 will also function as an effective line qualification and testing tool, offering automatic loop-back
facility and measuring line/s performance. One of the configuration options of the device could be a new
generation (high bandwidth) data logger. Its design, incorporating both “ master” and “slave”
programmable transceiver modules, provides for effective flexible configurations for its many
applications. P3’s unique feature is to be configured as a range extender (repeater), effectively
overcoming the physical reach of RADSL (of about 4Km). Any number of P3s can be cascaded
together.

An important new feature is introduction of USB interfaces significantly extends ‘P3’ applications (e.g.
instrumentation and sensors reading, video surveillance, tele-medicine and many others). All of these
optional interfaces will run transparently over the RADSL channels.

Integrated handset provided telephone function between any P3s and can be interfaced into the
telephone network.

The phone operates even if the data link fails. Other new features considered for future product releases
are VDSL transmission (up to 52Mbit/sec), as well as, radio and fibre-optic modules.

Conclusions

The pivotal factor in successful xDSL technology introduction is the product’s suitability for any given
application. Considering, essentially industrial applications for portable RADSL systems, it transpires
that, in a similar way that any business or domestic customer can benefit from the additional bandwidth
derived by the technology, an industrial customer can too, substantially benefit from the extra
bandwidth. This is specifically relevant in the area of industrial telemetry.



A standard telecomms xDSL system requires telephone exchange infrastructure to operate it. Portable,
stand-alone systems does not. Further, it offers advantages of stand alone operation, configuration
flexibility and numerous USB compatible products considerably extending the systems’ functionality.

Portable, stand-alone RADSL systems are likely to find substantial popularity in industrial and defence
applications, wherever usage of copper cable is considered to be the preferred infrastructure for
communications.

Forfurther information or inquiries, please contact the author, Mr Alec Umansky at:

Defence Communications Industry
defence.comms@telstra.com

Tel. +613 9417 507
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ABSTRACT

The Range Commanders Council (RCC) Range Safety Group (RSG) is conducting a study into the next
generation of ground-based flight termination technology, known as the Enhanced Flight Termination
System (EFTS) study. The study was initiated by the RCC in April 2000 with a scheduled completion of
March 2002. The Government is performing the study with support from contractors and academia.

This paper will discuss specific details of phase II and III of the EFTS study. The description of phase II
will include details on the down-selected approaches and reason for the selection. The phase III
description will include the methods of analysis, simulation, experimentation, and verification that are
used to refine the phase II recommendations.

ACRONYMS

AFFTC Air Force Flight Test Center
BPSK Binary Phase Shift Key
BYU Brigham Young University
CDMA Code Division Multiple Access
CPFSK Continuous Phase Frequency Shift Keying
DES Data Encryption Standard
DFRC Dryden Flight Research Center
DOD Department of Defense
EAFB Edwards Air Force Base
EFTS Enhanced Flight Termination System
FM Frequency Modulation
FTS Flight Termination System,
FMG Frequency Management Group
FTSC Flight Termination Standing Committee
NASA National Aeronautics and Space Administration
NRZL Non Return to Zero Level
PCM Pulse Code Modulation
RCC Range Commanders Council
RF Radio Frequency
RSG Range Safety Group
UAV Unmanned Aerial Vehicle



BACKGROUND

The EFTS study (under the auspices of the Range Commanders Council (RCC), Range Safety Group
(RSG), Task RS-38) was formed to provide an analysis of the requirements and approaches to a next
generation of Range Safety Flight Termination System. Recent incidents involving flight termination
systems that resulted in catastrophic loss of government capital have yielded the need for such a study. A
comprehensive overview of the study can be found in the International Telemetry Conference 2001
proceedings paper titled “EFTS Study: Overview and Status.”

Task RS-38 has been structured in a phased approach. The results of each phase will culminate in a report,
describing the salient facts and outcome of the effort, and will have appropriate recommendations.
Participation and coordination with the RCC groups including the RSG, Frequency Management Group
(FMG), Telecommunications and Timing Group, and Telemetry Group are imperative to the success of
this study.

The objective of this paper is to describe the phase II technical assessment process and phase III test and
analysis methodology used to perform a practical technology demonstration of the selected candidates.

PHASE II - TECHNICAL ASSESSMENT

Approach Evaluation. During phase II of the EFTS study, technical approaches were developed and
evaluated to meet the guidelines that were developed during the initial phase of the study. Industry, range
safety representatives from each range, and EFTS team members developed the approaches.

The final step in the phase II technical assessment was the evaluation of the approaches.
The evaluator’s independent assessments were consolidated and a meeting was held to arrive at a
consensus on which of the technical approaches should be further analyzed in phase III of the study.

Seven different approaches were submitted, however, they consisted of four basic modulation techniques:
binary phase shift keying (BPSK), continuous phase frequency shift keying (CPFSK), code division
multiple access (CDMA), and Modified High Alphabet. Each was evaluated for its strengths and
weaknesses in relation to the flight termination environment. After evaluating the proposed seven
approaches and discussing the advantages, disadvantages, and risks, the modulation schemes that were
determined to warrant additional analysis in phase III were the CPFSK and Modified High Alphabet
schemes. The following sections describe each of the modulation techniques and their attributes relative
to EFTS.

Binary Phase Shift Keying: Coherent BPSK is a technology that is in widespread commercial and military
use as are other phase shift key modulation techniques such as quadrature phase shift keying and its
variants. The evaluation team determined that coherent BPSK is not ideally suited to EFTS primarily due
to its relatively poor interference rejection characteristics and its long synchronization period. (Some
estimates put a minimum carrier to interference threshold as high as 1 0 dB) Further, the increased time
required for synchronization of coherent phase modulated signals makes this technique impractical for
range safety applications.

Other contributing factors were the lack of range experience with this technology, its higher bandwidth
requirements, and the extensive design requirements for both ground-based transmitters and airborne
receivers. Band-limited BPSK signals also require linear amplifiers that are not currently available at all
ranges. Thus, the ground-based high power amplifiers would need to be replaced if this approach were
selected.



Code Division Multiple Access: Use of CDMA technology for range safety command destruct systems
was an attractive option because of its interference rejection characteristics and its potential ability to
allow multiple transmitters to operate simultaneously. The latter might have been especially appealing to
ranges that currently require break-before-make handoffs from different transmitters at various
geographic locations.

While having its benefits, CDMA was not selected as a primary approach to be investigated in phase III
of the study for various reasons. The development of CDIVIA for this application would require a
complete design of a system that includes all primary transmitter and receiver components; that is, there is
little reuse of existing range certified technology that could support this option. Also, there are technical
risks that would have to be overcome such as power control from various transmitters. [Range Safety
currently employs simplex radio frequency (RF) links, while most terrestrial CDMA systems have
bidirectional links with power control to allow multiple transmitters to communicate with the same
receiver.] Other technical risks include the identification of orthogonal codes and cold-start
synchronization time. Constrictive schedule and funding were additional factors in not selecting CDMA
for further analysis in phase III.

Continuous Phase Frequency Shift Keying: Sometimes referred to as pulse code modulation/frequency
modulation (FM) or PCM/FM, CPFSK has been used as the primary modulation technique used by range
telemetry systems for decades. CPFSK is a digital FM technology that has demonstrated relatively high
immunity to multipath and interference. An EFTS system using this technology would also impose
minimum impact to existing ground assets and the development of airborne receivers. It is thought that a
high degree of receiver design can be maintained since the primary modulation technique (FM) is the
same as the existing FM base tone systems. Similarly, much of the ground transmit system equipment
could be reused. For these reasons, biphase CPFSK was selected for further evaluation in phase III.

NOTE:  CPFSK approaches were presented with both non return to zero level (NRZL) and Manchester,
or biphase, techniques for baseband coding. To avoid the inherent problems of direct current shift with
NRZL and to keep synchronization time to a minimum, the EFTS team opted to incorporate biphase
coding if the CPFSK scheme is used.

Modified High Alphabet: The high alphabet command destruct system is a proven technology that has
been used in range safety systems for several decades. This system sends a sequence of tone pairs on a
FM modulated carrier. The large number of possible combinations of sequenced tone pairs has the effect
of providing a secure system.

The modified high alphabet system, selected for further evaluation in phase III, is a variant on the existing
high alphabet system. It uses frequency-modulated combinations of orthogonal tone pairs to transport a
digital frame of information between the ground and the vehicle. This technology is attractive to EFTS for
similar reasons to CPFSK--it is a time-proven technology that would allow both a high amount of reuse in
existing ground assets and receiver design. It also has a demonstrated high resistance to interference and
multipath and has a relatively short cold-start data synchronization period. One disadvantage of this
approach, though, might be that high alphabet receivers are currently built by one vendor, which could
deter other vendors from entering this market. Ultimately, the reduced cost, impact to schedule, and
minimal implementation risk led the EFTS team to select this scheme for further evaluation.

The seven approaches contained various methods to implement the content of the data between the
ground and airborne units. Each of them proposes a departure from simple analog systems by using digital
data streams. This will permit message authentication and more adaptability for future requirements. The
formulation of the exact content of the premodulated data stream will be a primary focus for phase III of
the study.



Security. Another benefit to using a digital format is added security feature of link encryption. A
summary of the approaches leads to two basic encryption methods: the 64-bit Triple Data Encryption
Standard (3-DES) and the 128-bit Advanced Encryption Standard. Both methods have advantages and
will be considered during phase III of the study. phase II studies also resulted in a complete description of
the National Security Agency recommended security approach for EFTS. This paper was refined and
documented as the “EFTS Recommended Security Approach Description” dated February 2001.

PHASE III - TECHNOLOGY DEMONSTRATION

phase III of the study expands upon the work of the previous phases to further develop EFTS through
studies, simulation, and testing. The following tasks will be conducted to meet this end.

Concept of Operations . A concept of operations (CONOPS) that describes the various operational
procedures required for the EFTS system is being developed. The CONOPS is intended to cover all
potentially impacted operational aspects of EFTS versus the current operation of flight termination
systems (FTSs). This includes procedures that cover receiver and ground system qualification, preflight
setup and checkout, mission operations and postflight operational procedures. The CONOPS will include
web-based procedural flows that enable various EFTS data approach techniques to be simulated and
refined to a conclusive recommendation.

Data Format and Bandwidth Requirements. In conjunction with the CONOPS, a definition of the data
format recommended for EFTS will be developed. Using the two primary techniques recommended in
phase II, the 64-bit triple-DES frame and the 128-bit AES frame, the content of the premodulated data
will be described and modeled. The web-based software developed for the CONOPS will also provide a
graphical depiction of the ground and airborne message. The software will allow users to become familiar
with various technical and operational aspects of the technology. Features include: injection of bit-errors
between the air and various transmitters on the ground, real-time parameter setting and viewing, real-time
and accelerated message monitoring, adjustable frame size, adjustable authentication parameters, and
command output indicators. A result of this will be the definition of the bandwidth requirements for
EFTS.

Computer Modeling & Simulation. Through a grant to Brigham Young University (BYU), a model to
simulate the RF environment using the modulation schemes selected during phase II will be generated.
The simulation environment uses real antenna gain pattern data to simulate the gain and phase shifts due
to vehicle tumbling. It also adds Doppler shifts, phase noise, thermal noise, and simulated radar pulses.
Ranges have provided antenna pattern data at the request of BYU to ensure realistic modeling. The two
primary models under development are CPFSK (i.e., PCM/FM) and a modified high alphabet system.

RF Link Analysis. Additionally, through the grant with BYU, a study conducting a link analysis of
various approaches against program requirements for safety margin given various mission trajectories and
distances from ground transmitters will be performed. Approaches are analyzed for resistance to
interference and potential noise impacts such that the operational concerns of programs are addressed
prior to final approach selection. Through this analysis, a comparison of the new technique against
margins currently used on existing high alphabet and standard tone-based systems will also be achieved.

Plume Effects. The EFTS study contains a task to consolidate and expand upon known data dealing with
the signal loss due to plume from solid rocket motors that eject hundreds of pounds of ionized particles
per second. The intent of this task is to quantify the problem and potentially answer questions such as how
often, which ranges, and what aspect angles affect this phenomenon. This study is intended to specifically
examine the EFTS proposed modulation methods and characterize their susceptibility to plume effects.



Frequency Allocation. Current encroachment trends and competing programs indicate that the existing
allocated frequency band may be too restrictive in the future. The EFTS team, in conjunction with the
FMG, will pursue a separate task to determine the technical, operational, and economic impacts of
changing the current frequency to a dedicated frequency for use by Range Safety flight termination
systems.

Survey. A survey of each range and its users is being conducted to provide prospective vendors with
receiver purchase expectations and to determine specific airborne receiver and operational requirements.
The unique operational needs of each range and program will be used to develop the digital data format
structure and the vehicle operating environments will ultimately drive the design specifications.
Additional survey questions will be included for range frequency managers that may help determine the
extent of potential interference.

Testing. The existing FTS ground transmit systems must be properly characterized in order to estimate
the impact due to modification. Since the ranges use either Systems Planning Corp or ZETA developed
command transmitters, testing will be limited to Vandenberg AFB and either the Edwards AFB or NASA
Dryden FTS to provide a satisfactory cross-section.

The EFTS team members and participating vendors identified tests that need to be conducted to help
make a final EFTS approach recommendation. They are:

• Measuring phase noise from 10 Hz to 1 MHz and checking for two-tone intermodulation
distortion to help determine whether coherent modulation schemes can be used with existing
amplifiers.

• Plotting linearity up to the 1 -dB compression-point to reveal the amplifiers overall limitations.

• Gain balance and group delay measurements to uncover any frequency response problems.

• Measuring the maximum bit error rate capabilities of the systems to provide upper limitations for
processing digital data streams.

Other benchmark testing will be necessary to determine which technologies may be viable solutions and
to what level the impact of implementation will be. Specifically, a noise floor test will show how strong
the FTS signals have to be for the receivers to operate adequately. Test plans will be developed to identify
existing noise and interference characteristics in the frequency band currently used for FTS. The plan will
consist of a multistep process to measure and record spectral qualities using a directional antenna, low-
noise amplifier, and spectrum analyzer. Further studies will be conducted to determine how well ground
transmission systems would perform at minimum and maximum frequency shifts.

Cost Analysis. Projected costs to develop and test the new flight termination receiver will be determined
based on the approaches pursued and from the results of range user surveys. Reports from at least one
vendor claim that the two approaches being considered make use of commonly used modulation formats
and therefore should not require the development of new manufacturing technologies unless severe
environmental requirements are imposed. Flight termination ground equipment upgrade costs will also be
investigated. The addition of encryption apparatus to facilitate the link security features may be required
and the use of a CPFSK scheme, if selected, may also impose additional cost due to the necessity for
some type of message encoding device.



SUMMARY

EFTS phase II further refined the system’s requirements as well as incorporated input from various
industry, range, and EFTS team sources of a system to incorporate these approaches. phase II culminated
in a down-selection process of techniques that will be expanded in phase III of the study. The results of
phase III are a further refinement of the recommendations that are based on in-depth analysis, simulation,
and testing. The primary activities of phase III are CONOPS, data format structure, bandwidth
requirements, computer modeling and simulation, RF link analysis, plume effects study, frequency
allocation investigations, a refined range survey, empirical testing of existing systems, and a cost analysis
that estimates the required funding. Final recommendations derived from phase III information will be
utilized to produce a performance specification for the implementation of EFTS on DOD ranges and at
NASA facilities. In conclusion, phase III of the EFTS study will provide a validated solution for a robust
flight termination link. The EFTS team will remain in constant communication with participating
organizations and industry to ensure this task yields the best possible outcome.
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ABSTRACT

M/A-COM, Inc. has developed a highly integrated transmitter chip set for wireless telemetry applications under
a U.S. Army Development Contract.  The chip set is comprised of a voltage controlled oscillator (VCO), a
silicon synthesizer/phase locked loop (PLL), and a family of power amplifiers (PA's).  The chip-set is designed
to operate over the military L and S Band frequencies as well as the lower commercial ISM band. Using these
components, M/A-COM has produced IRIG compliant transmitter modules for ballistic telemetry applications.
These modules have been successfully flight tested by the Army Research Laboratory at Aberdeen Proving
Ground, Maryland. This paper reviews the transmitter system architecture and presents test data for the
transmitter module and individual components.
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INTRODUCTION

In order to provide for the testing and evaluation of both standard and smart munitions, the U. S. Army’s
Hardened Subminiature Telemetry and Sensor System (HSTSS) program has developed a new generation of
devices and subsystems 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.

Under the HSTSS program, M/A-COM has developed a very rugged, small, low cost, low power transmitter
chip set for ballistic telemetry applications.  This chip set architecture approach allows for embedded
instrumentation solutions as well as retrofitting existing munitions with on-board measurement systems. Although
some commercial transmitters exist for these types of applications, they typically are large in size, fixed in form
factor, expensive, and limited in performance.  In order to provide greater packaging and system design
flexibility, a highly integrated transmitter chip set is required.  The chip set is comprised of four major
subsystems.  They include a phase locked loop (PLL) chip, voltage controlled oscillator (VCO), a reference
oscillator, and a family of power amplifiers (PA’s).   This paper reviews the transmitter architecture and design
criteria for each subcomponent.  In addition, the design of an integrated transmitter module with flight test data is
discussed.

 TRANSMITTER SYSTEM SPECIFICATIONS

The transmitter system design was driven from the contract specifications developed by a tri-service team of
engineers. General specifications come from the IRIG 106-96 Telemetry Standards. A listing of these major
parameters can be found in reference 1.

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. A block diagram of the transmitter system is shown in figure 1. The VCO is the
primary frequency source and is available in both L-Band and S-Band versions. The VCO can be used in two
operational configurations, free running or phase locked.  For free running operation the VCO is coupled
directly with a PA.  This type of inexpensive configuration can be used for extremely limited volume
applications.  In the free running mode, the 0.002% stability specification is not met until the system is allowed to
warm up.  This will be discussed further in the Module section of the paper.



Figure 1. Frequency Source Block Diagram

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 the lower and upper S-bands.    In this
configuration the 0.002% stability requirement is easily met.   To make the chip set even more versatile, the
components are available in both die and surface mount packages. With this type of architecture the telemetry
engineer can optimize the transmitter based on the system requirements.

MODULATOR/PLL

A block diagram of the PLL is shown in Figure 2.  A “pulse swallowing architecture” is used to condition the
RF signal for the phase/frequency detector.  Both frequency band selection and channelization is parallel-
programmed (Ref 2).

Figure 2.  Topology for Phase Locked Loop Circuit.
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PHASE DETECTOR/LOOP FILTER: The IRIG specifications require frequencies centered on 0.5 MHz. Thus
the phase detector (PD) frequency is 500 kHz. The PD is a phase-frequency type detector, which allows for
fast acquisition (high bandwidth) and narrow bandwidth tracking. The tracking bandwidth chosen is 1 kHz and
the acquisition bandwidth is 10 kHz.  Given these parameters and ~10 milliseconds relaxation time for the
crystal reference oscillator, the overall system is expected to acquire lock in less than 20 milliseconds.  The loop
filter will use externally loadable components for maximum flexibility in integration.
.
Dividers /Channelization: The topology in Figure 2 uses a dual modulus prescaler.  By controlling both the A
register and the N register, the three bands of operation and 16 required channels in each band can be
synthesized.  In order to accommodate the desired channels within the desired bands of operation, a    “pulse
swallowing” architecture was utilized to properly condition the RF signal for the Phase/Frequency Detector.
With this architecture, the three major functional blocks (prescaler, swallow counter and divide-by-N divider)
work together to produce a total divide ratio (M) as follows:

M = P*N+N

Where P = prescaler divide ratio
N = divide-by-n ratio
A = number of prescaler output periods the swallow counter “swallows” (i.e. the number of
periods the output of the swallow counter remains “true” (HIGH)

Table 1 shows portions of the lower S-band channel scheme using 1 MHz spacing on 0.5 MHz channel centers.
For applications not having external logic or controllers programming is accomplished by hard wiring the
registers for a specific frequency.

Channel
PD Frequency

(MHz)
P N N BINARY A

A BINARY
(Channel Select)

PLL Output
Frequency (MHz)

1 0.5 32 140 10001100 1 00001 2240.5

2 0.5 32 140 10001100 3 00011 2241.5

3 0.5 32 140 10001100 5 00101 2242.5

4 0.5 32 140 10001100 7 00111 2243.5

… … … … … … … …

14 0.5 32 140 10001100 27 11011 2253.5

15 0.5 32 140 10001100 29 11101 2254.5

16 0.5 32 140 10001100 31 11111 2255.5

Table 1. Channelization for Lower S- Band, 1 MHz Steps.



The PLL IC has been fabricated using a 0.35 um CMOS process. In addition to a 16-channel version a 32-
channel version has also been design and fabricated.  Additional features of the PLL include an on-chip op-amp
and oscillator circuitry.  The Op-amp allows for modulation injection (FM or FSK).  The on-board oscillator
works with either a 10MHz or 20 MHz external crystal resonator.  This function can be bypassed if an external
reference oscillator is desired.  Both devices will be available in die and QSOP-28 SMT plastic package.  The
die size for each device is 2.3 mm x 1.9 mm.

VOLTAGE CONTROLLED OSCILLATOR (VCO)

Two VCO chips, L-Band & S-Band, have been designed and fabricated using Indium Gallium Phosphide
Heterojuction Bipolar Transistor (InGaP HBT) technology. InGaP HBT technology was chosen because it
offers low phase noise, high linearity, thermal ruggedness, and single supply operation.  The specifications that
drive the VCO design are shown in Table 2. The device was designed with an on-chip varactor that can be
bypassed by separating an air bridge on the die. Frequency is set using an off-chip resonator circuit. Loading
options for varactor and resonator allow the VCO linearity and frequency to be finely tuned across L or S
bands.  Packaged devices include the resonator circuits which can be factory set based on customer
applications.  The VCO’s are available in die and FQFP-N 4.0 mm plastic packages.  The die size for each
VCO is 1 mm square.  A graph showing frequency vs. tuning voltage for lower S-band operation is shown in
figure 3.

Specification Unit Value                        Comment
Frequency Range MHz 1435 – 1535

2200 – 2400
Tune with external resonator elements.
Internal varactor may be bypassed.

Tuning Voltage volts 0.5 - 3.0
RF output power dBm 10 Minimum
Supply Voltage volts 3 Allow 20 % drop while operational
Operating

temperature
degrees C -40 to +85

Table 2.  Partial Table of VCO Specifications.
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POWER AMPLIFIERS

A family of power amplifiers (PA’s) has been developed to provide 100mW, 250mW, 1W and 2W nominal
output power.  By providing flexibility in the PA selection the user is able to optimize between power supply and
link budget requirements.

100mW and 250 mW Low Power Amplifiers:  Two separate chips for L and S band operation have been
designed and fabricated for each nominal power level using InGaP HBT technology.  Both devices are internally
matched to 50 ohms at input and output (<2:1 VSWR). They are designed to use the 10mW output from the
VCO as their input drive. By varying the bias conditions, the saturated output power of these devices may be
tailored for various applications.  The devices require minimal external components for bypassing, and are
available in die and FQFP-N 4.0mm plastic packages.  The die size for each device is 1.3 mm x 1.0 mm.
Figure 4 shows lower S-band performance of power output (POUT) and current (IDD) vs. power in (PIN) for the
250mW devices.

1W/2W Power Amplifier:  This device is a two-stage power amplifier constructed using a mature 0.5 um GaAs
MESFET processes.  Separate devices have been designed for L and S band operation. The chip employs a
fully matched 50-Ohm input and output network and decoupled gate and drain bias networks. When operated
at 5 volts the device provides 1-watt of output power and when operated at 8 volts provides 2-watts of output
power.  The efficiency is better than 30% in each mode of operation.  The device is available in both die and a
bolt down CR-15 ceramic package.  The U.S. Army Research Lab has shown the packaged device to
repeatedly survive 30,000 g shock loads.
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QUARTZ REFERENCE OSCILLATOR

The task of meeting the IRIG 106-96 ±20 ppm frequency-stability over temperature requirement is the duty of
the reference oscillator.  However, providing small, reliable, and affordable quartz crystal reference oscillators
for high-shock applications has been an on-going challenge.  The Statek Corporation has developed both a
quartz crystal resonator and a quartz crystal oscillator specifically for high-shock telemetry applications.  These
components provide frequency control for the HSTSS transmitter and clocking for the HSTSS data acquisition
chip set.

The key to designing a resonator that can survive extremely high-shock levels is to make it small.  This reduces
its total mass so that it less likely to dismount and it reduces the stress within the crystal so that it is less
susceptible to breakage.  This size to ruggedness relationship is fortunate as miniaturization is one of the goals of
the HSTSS program.

Statek’s resonator design is an AT-strip quartz crystal resonator housed in a CX4HG package (0.197"L x
0.072"W x 0.045"H).  Further, for additional ruggedness, the crystal is mounted to the ceramic package at both
ends of the strip.  This reduces the amount that the crystal can flex, and thereby further reduces the stress within
the crystal.  Being very small, these crystals have a motional capacitance of about 1.4 fF, a shunt capacitance of
about 0.88 pF, and a resistance of about 35 to 120 ohms.  Despite their small size, the crystal Q is in the range
of 50,000 to 150,000.

Statek's high-shock oscillator (HGXO), which uses the high-shock quartz resonator, has a footprint of 5.0 mm
x 7.5 mm and height of less than 2.5 mm.  Operating at 3.0 V, it has a square-wave output, typically consumes
less than 3 mA, and remains within 20 ppm of 20 MHz over the -40°C to +85°C temperature range.  As
required by the HSTSS program, this oscillator has survived shock testing to 100,000 G's.

TRANSMITTER MODULE

A transmitter module has been design to demonstrate the chip-set functionality.  The form factor of the module
was chosen to fit into a standard NATO artillery fuze housing.  The module dimensions are 28.6 mm in diameter
and 6.0 mm in height (with RF shield).  The module can be configured to operate in either free running or
phased locked mode for either the L or S band operation, and can be built with either the 100mW or 250mW
PA.  The module operating voltage is 2.85V – 3.15V.   Data captured using a Modulation Domain analyzer at
the Army Research Lab shows the transmitter system achieves 0.002% stability in less than 500 µs after initial
power is applied.  This is shown in figure 5.

The transmitter module is designed using both surface mount and chip & wire technology.  The module is built
on FR-4 substrate material and uses coplanar wave-guide for controlled impedance lines.  At the time of this
writing, over 100 modules have been delivered to the Army for ballistic telemetry applications.  A picture of the
module without the RF shield is shown in figure 6.



Figure 5.  Turn-on time for Phase Locked L-Band Transmitter

Figure 6.  Photograph of transmitter module
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APPLICATION TEST DATA

Under the HSTSS program, M/A-COM has worked directly with the Army Research Lab on qualifying the
components and microelectronic assembly techniques for high-g environments.  To date, nearly all of the
components have been tested to 30,000 g or greater. In order to meet this requirement, both robust design
practice and extensive reliability testing has been used (Ref 4,5, & 6)

In December of 2000, two protoptype phased locked L-Band transmitter modules were flight tested on 105-
mm artillery projectiles. The transmitters were packaged in a standard NATO nose-fuze along with other
HSTSS developed subsystems.  The estimated setback acceleration was 16,000g. In-bore balloting was
measured and showed peaks of around 1000 g with spikes reaching 2000 g. The spin rate for each round was
in excess of 300 rps.  The rounds were fired nearly straight up which resulted in the projectiles striking the
ground base first, allowing recover of the rounds.  In both cases the transmitter and accompanying subsystems
not only survived the 16,000 g launch but also were still operational after impact.  Setback and balloting
accelerations measured from the on-board instrumentation system are shown in figures 7 and 8.

Figure 7.  Setback Acceleration Data Figure 8. In-bore balloting data

SUMMARY

The M/A-COM transmitter chip set is providing 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 offering maximum system integration flexibility. The estimated die sizes and supply requirements
for each component are summarized in Table 3.



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 3 350

2 W 3.0 x 2.5 8 (2W)  &  5 (1W) 950

Table 3.  Summary of Chip Sizes and Power Requirements.

In addition, new state of the art PA devices are being considered for 0.5 and 1.0 watt applications.  M/A-
COM’s Indium Gallium Phosphide (InGaP) bipolar HBT technology and self-aligned MSAG MESFET
technologies are both under evaluation for realizing these devices.  These technologies will maximize
performance while reducing component size and cost.

In this paper, the design and operation of a highly integrated, low cost transmitter chip-set was discussed.
Details of the PLL, VCO, PA, and reference oscillator components were reviewed and a sample module
assembly was discussed.  This development effort represents a major advancement in the area of ballistic
telemetry. The flexible architecture allows munition developers to integrate the instrumentation system with the
on-board guidance, navigation and inertial measurement systems, thus providing an embedded instrumentation
system.  In addition to munitions testing the transmitter chip set is ideally suited for vehicle, airframe, and soldier
training applications.
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VELOCITY ERROR ANALYSIS OF
COHERENT AND NON-COHERENT TRANSPONDING

TRACTORY MEASUREMENT SYSTEM

Huang Chengfang
SWIET, Chengdu 610036

ABSTRACT

This paper introduces two transponders combining coherent transponding and non-coherent
transponding for multistatic trajectory measurement system and carrier Doppler frequency
extraction principle, then derives each model of the velocity error for noise. The expressions
of velocity error resulted by noise in coherent, IF-modulated and IF transform transponding
configurations are also described. The conclusion is drawn: the system velocity error for noise
is related to the transponder transponding configuration. And, the velocity error in coherent,
IF-modulated and IF transform transponding configurations are compared in this paper.

KEYWORDS

Coherent and non-coherent transponding combined, IF-modulated transponding, IF-transform
transponding, velocity error.



INTRODUCTION

The high-accuracy RR &3  multistatic system consists of three high-accuracy Doppler and range
trackers which operates at CW and uses one transponder, with the advantages of high
independence, convenient for deploying the stations and using for multistatic system co-
operatively to achieve higher system measurement accuracy. However, the key to the high
accuracy RR &3  measurement system is the implementation of transponder. As constraints were
placed on the size, weight and power consumption of the transponder and the installation
position of the antenna, the transponder configuration should be as simple as possible and easy
to make. Up to now, the RR &3  transponder in practical application can be divided into two
kinds: coherent transponding and non-coherent transponding. Using the coherent transponding
transponder, the ground-station is simple, the transponder range error induced by Doppler
frequency is small, and the single station is easy to achieve high-accuracy range and range rate
data. However, the airborne subsystem needs to install three coherent transponders that are
completely independent, so the size is large, power consumption is high, and antennas are
difficult to be installed. On the contrary, using non-coherent transponder, as the non-coherent
frequency beacon is introduced to the transponder, so its configuration can be significantly
simplified, and the size, weight and power consumption can all be reduced. But the range error
of the transponder is relatively higher, meanwhile, the ground station has to cancel the non-
coherent beacon frequency in the retransmitted signals to extract carrier Doppler frequency for
target velocity measurement, which has a certain influences on the velocity accuracy. Non-
coherent transponding transponder is generally used in medium-accuracy multistatic system.
Using the multistatic system combining coherent transponding with non-coherent
transponding, one station is designed according to coherent configuration, so the system
measurement accuracy is improved while the transponder configuration is relatively simple.
This paper describes two transponders combining coherent transponding with non-coherent
transponding and the system extract carrier Doppler frequency principle. In the paper, the
expressions for the velocity error resulted by the noise in coherent transponding, IF-modulated
transponding and IF transform transponding configurations are described, and the velocity
accuracy are also compared.

IF-MODULATED TRANSPONDING AND
DOPPLER FREQUENCY EXTRACTION PRINCIPLE

The block diagram of coherent and IF-modulated transponding multistatic transponder and its
uplink & downlink spectrum is shown in Fig.1. The three individual ground station uplink
frequencies fR1, fR2 and fR3 are respectively from ground stations A, B and C, the downlink
signal is the united carrier signal phase modulated with fc1, fc2 and fe.



The transponder coherently retransmits the uplink frequency fR1 from the ground station A, i.e.
the ratio of uplink carrier fR1 and the downlink fT  is a fixed constant, the ranging signal fe
modulated on fR1 is phase locked demodulated and re-modulated onto the downlink carrier fT
for transmitting.
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Fig.1  Block Diagram of the Coherent and IF-modulated Transponding Transponder

The transponder non-coherently retransmits the uplink frequencies fR2 and fR3 from ground
stations B and C by means of IF modulation, i.e., sub-carriers fc1 and fc2 are obtained after the
uplink signal being secondary down converted, and then modulated onto the downlink carrier
fT  along with the raging signal fe from the ground station A .

It can be known from Fig.1 that when the transponder loop is locked on the uplink frequency
fR1 from the ground station A, its frequency relation is:

VvR fNNff 21 =−

13 RvT ffNf ρ==       (1)

121 RRc fff −=                                      (2)

 132 RRc fff −=                                         (3)
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is the coherent ratio of the transponder.



It can be known from equation (1) that the carrier frequency fT  retransmitted by the
transponder only contains the uplink from ground station A, so it is coherent with the uplink
fR1 from ground station A, thus, the carrier Doppler can be extracted directly from it, but the
retransmitted carrier fT  is non-coherent with fR2 and fR3 from ground stations B and C, so it can
be seen as the frequency beacon of the transponder.

It can be known from equation (2) or (3) that the sub-carrier frequency retransmitted by the
transponder contains two terms, the first, being a coherent component, is the carrier frequency
of the ground station uplink at fR2 or fR3, and the second, being a non-coherent component, is
the frequency beacon of the transponder, thus, the carrier Doppler of the ground stations B or
C can't be simply extracted from the sub-carrier frequency at fc1 and fc2, and special processing
method must be employed.

Doppler extraction principle of the IF-modulated non-coherently transponding is as the
following:

Set the transmit signal carrier frequencies from ground stations A and B as f1 and f2, so the
receive carrier frequencies of the transponder are 111 fkf R = , 222 fkf R =  due to the Doppler

frequency induced by the relative movement of the target (k is the index, which is related to
the radial velocity of target relative movement, k1 isn’t equal to k2 as the locations of the
ground station are different ).

It is can be known from equations (1) and (2), the frequencies of the carrier and sub-carrier
arriving the ground receiver are as the following respectively:
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Where the index k' is related to the radial velocity that the target moves relatively to the
receive station.

Solving above simultaneous equations, the carrier Doppler of ground station B or C can be
obtained, i.e. the ground station B or C is able to extract the transponder beacon frequency
from the received carrier frequency, and cancel the beacon frequency in the sub-carrier, thus,
the coherent carrier Doppler frequency of this station is obtained as shown in Fig.2.  where FN1

is the carrier phase jitter induced by the receiver noise, FN2 is the phase jitter of the sub-carrier.



Tfk '

Fig. 2 Doppler Extraction Block Diagram of IF-modulated Transponding

IF TRANSFORM FROM TRANSPONDING AND
DOPPLER EXTRACTION PRINCIPLE

The block diagram and uplink/downlink spectrum of the IF transform transponder is shown as
Fig. 4, the phase lock loop of the transponder locks the VCO frequencies onto fR1, the uplink
signals fR1, fR2 and fR3 from the three ground station A, B and C are directly retransmitted to
its ground station after secondary frequency conversion and amplification, so, it is known as
IF transform transponder. As the three LO signals are obtained by phase locked dividing and
multiplying of the signals from ground station A at fR1, so the carrier frequency fT 1 are
coherent with fR1, but the downlink frequencies fT 2 or fT3 containing frequency fR1 are non-
coherent with uplink fR2 or fR3.
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It can be known from Fig.3 that the frequency of the transponder is as the following:

( ) 11131 RvRvT ffNffNf ρ=−+= (6)
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IF transform transponding Doppler extraction block diagram is shown as Fig.6, FN1 is the
phase jitter induced by the receiver noise on the beacon carrier frequency fT 1, FN2 is the phase
jitter of fT 2.

Fig.4  Doppler Extraction Block Diagram of the IF Transform Transponding

VELOCITY MEASUREMENT ACCURACY ANALYSIS

The velocity measurement error are mainly produced by the frequency jitter of the transmitter
source, receiver noise, phase jitter of the DCO in the digital PLL and the quantization error of
the frequency, in which, the velocity error generated by the receiver noise is related to the
transponding configuration of the transponder. The velocity error induced by the receiver
noise will be analyzed and compared under the three transponding configurations in this
section.
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(1) Coherent Transponding
Coherent transponding velocity error model is shown as Fig.5, the received velocity message
is included in the downlink carrier frequency, and the extracted Doppler frequency fd is the
Doppler of the uplink carrier frequency f1.

                                          ϕσ

Fig.5 The Velocity Error Model of Coherent Transponding

The downlink carrier frequency is extracted using the phase locked loop, the phase error
induced by the receiver noise is 1ϕσ [1], the phase noise ϕσ  from the fd extractor is:
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Where 1)( LBSNR  is the signal-to-noise ratio of the carrier phase lock loop�BL1 is the noise

bandwidth of the carrier phase lock loop, CS )( Φ  is the ratio of its signal power and noise

power spectral density(dB·Hz). The velocity error generated by phase error of the phase lock

loop is [2]:
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Where ë1 is  the wavelength of the uplink carrier signal, T is the sampling interval of the
velocity extractor. Substituting equation (9)into equation (10),the velocity error of the
coherent transponding resulted by receiver noise is:
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(2) IF-modulated Transponding
Fig.2 is the velocity error model of IF-modulated transponding. The downlink carrier
frequency is k'fT , the sub-carrier frequency k'fc is demodulated by carrier loop. The Doppler
fd2 is the Doppler of uplink carrier fR2 or fR3.
It is known from Fig.2 that the phase error resulted by the Doppler extractor is:
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Where BL1 is the noise bandwidth of the carrier phase lock loop, BL2 is the noise bandwidth of

the sub-carrier phase lock loop, generally, BL1=BL2, CS )( Φ is the ratio of the carrier signal

power and noise power spectral density(dB·Hz), SCS )( Φ is the ratio of sub-carrier signal

power and noise power spectral density(dB·Hz). The velocity error resulted by receiver noise

is:
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Where ( )2

1
21 ρ+  is the velocity error weighting factor of IF-modulated transponding, because

ñ>0, the velocity error resulted by the IF-modulated transponding is higher than that by

coherent transponding.

(3) IF Transform Transponding
Fig.4 is the velocity error model of IF transform transponding, the received carrier are the k'fT 1

and k'fT 2 respectively, the extracted Doppler is in the uplink carrier Doppler frequency at f2 or
f3.

It is known from Fig.4 that total phase noise resulted by the Doppler extractor is:
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Where 1)( CS Φ  is  the ratio of signal power and noise power spectral density for the carrier at

fT 1, BL1 is its loop noise bandwidth, 2)( CS Φ is the ratio of signal power and noise power

spectral density for the carrier at fT 2 or fT3 , BL2 is its loop noise bandwidth, in general,



BL1=BL2.

The velocity error resulted by IF transform transponding is:
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Where ( )[ ]2

1
221 ρρ +−  is the weighting factor of the velocity error resulted by IF transform.

When ñ<1,  i.e.  while the system downlink frequency is lower than uplink frequency, the
velocity error resulted by noise of the IF transform transponding is lower than that of coherent
transponding, in the contrary, it is higher than that of coherent transponding.

CONCLUSION

It can be known from above analysis that the receiver velocity error by noise is related to the
transponding configuration of the transponder and the system coherent ratio. The equations
(11),(12) and (14)give respectively the expressions of the velocity error resulted by the noise
of coherent transponding, IF-modulated transponding and IF transform transponding.

When the value of )( ΦS and BL of the coherent branch are respectively equal to that of non-
coherent branch, the error induced by IF-modulated transponding is higher than that of the
other two configurations ;the noise error induced by IF transform transponding is minimum
whenñ<1, and the noise error induced by coherent transponding is minimum when ñ>1.
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DEMONSTRATION OF A LOW-COST
MOBILE LAUNCH RANGE SAFETY SYSTEM
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ABSTRACT

The Ballistic Missile Range Safety Technology (BMRST) program developed and demonstrated a low-
cost, rapidly reconfigurable, launch range tracking and safety system.  The system is comprised of both
an on-board tracking unit and a ground based telemetry acquisition and control system.  The on-board
unit is based on an integrated GPS/INS unit with an embedded S-band telemetry transmitter.  The
ground system is comprised of fully redundant telemetry acquisition systems, telemetry processing com-
puters, tracking computers, and secure/IRIG UHF command destruct transmission systems.  This paper
provides an overview of the system architecture and describes telemetry system design trades in par-
ticular. The paper describes how aircraft and satellite testing supports verification of system tracking
capability.  The paper closes by presenting data from the Quick Reaction Launch Vehicle (QRLV) flight
test in Kodiak, Alaska.
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INTRODUCTION

There is a need for domestic missile and space launch ranges to be operated more efficiently to improve
the ability of launch ranges and launch companies to compete globally. Key elements of the overall
range operations cost are the cost to maintain and operate the aging radar tracking infrastructure, the
poor reliability of the existing infrastructure as it relates to supporting on-time launches, and the inflexibil-
ity of fixed range systems. The BMRST program was created to specifically address each of these
needs.  The BMRST program primary goals are to demonstrate the feasibility of using GPS based range
tracking systems, using new high reliability commercial hardware and software, and providing a highly
mobile and flexible system.  A key part of this is demonstrating a ground systems infrastructure that
could be deployed to support range tracking in a more reliable and affordable manner than is presently
done without relaxing current range safety standards.



SYSTEM OVERVIEW

The BMRST system is comprised of a mobile operations center, redundant mobile antenna platforms,
and a GPS/INS Tracking Unit (GITU). The GITU is mounted on-board the launch vehicle and includes
a 12 channel GPS receiver coupled with a navigation quality inertial navigation unit, and an embedded
5-watt S-band telemetry transmitter that provides for a dedicated S-band telemetry downlink. When
interfaced to patch or ring-style GPS and S-band antennas and a dedicated power supply, the GITU
meets the range safety requirements as an independent source of tracking data. The GITU serves as the
primary source of tracking data, thereby replacing or augmenting radar derived data, while the vehicle
Telemetered Inertial Guidance (TMIG) data serves as the secondary source.

Each ground based mobile antenna platform captures the GITU and TMIG data streams from the vehi-
cle. With each antenna platform capturing both sources of metric tracking information, the two tracking
antenna platforms comprise the required level of redundancy.  Each antenna sends the captured down-
links into the mobile operations center where the Radio Frequency (RF) streams are fed into the RF
section of the Front End Data System (FEDS).
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Figure 1.  BMRST System Architecture



Antenna platform 1 sends its RF streams to FEDS 1 while antenna platform 2 sends its RF streams to
FEDS 2. Each FEDS contains the necessary telemetry receivers, diversity combiners, telemetry bit syn-
chronizers, and telemetry decommutators to process the incoming data streams.  The FEDS implements
internal cross strapping between antenna sites to enhance system fault tolerance.  The FEDS also in-
cludes the real-time command and measurement servers that provide processed telemetry data through-
out the BMRST network and implement automated configuration and control of all BMRST ground
assets.

Each FEDS Command and Measurement Server (CMS) computer interfaces to an antenna control unit
to implement direct control of the attached antenna platforms.  FEDS CMS 1 controls antenna platform
one while FEDS CMS 2 controls antenna platform 2.  Each CMS provides real-time vehicle position
information to the redundant Tracking Computers (TCs).  Each TC processes this information into pre-
sent position and instantaneous impact position that is then displayed to the Mission Flight Control Offi-
cers (MFCOs).  Each TC maintains the theoretical trajectory that is also displayed to the MFCO along
with impact limit lines and other information.  The TCs also compute pointing solutions from any of the
available tracking sources for pointing the antennas in a slave mode should autotrack capability ever be
lost, or when the system is used in a downrange mode where vehicle acquisition must be accomplished.

High Power Amplifiers (HPA) are co-located with the antenna subsystem on the antenna trailer platform
and provide the command destruct uplink. The tone sequencers, encoders, and exciters are located in
the mobile operations center.  The output of the exciter drives the HPA. An antenna switching system is
employed to select among the high gain UHF transmit antenna (embedded in the S-band antenna feed),
omni-directional UHF transmit antenna (for near range destruct), and a dummy load.  Verification re-
ceivers and both secure and IRIG tone encoders are included in the mobile operations center.

  

            Figure 3. Operations Console                                     Figure 4. MFCO Console



The Mobile Operations Center (MOC) contains several support systems including a redundant
switched Fast Ethernet, redundant GPS time receivers, extensive data, voice and video record and
playback, and redundant voice network interfaces. The MOC includes a 42-foot telescoping antenna
mast mounted on the mobile operations center. This mast carries a video camera that is slaved to the
tracking solution, a weather station with wind-speed, wind direction, temperature, and lightning sensors,
and a DGPS receive antenna. The MOC also accepts several incoming video streams that can be
routed throughout the vehicle. Finally the MOC is capable of redundantly generating all of the power
required to run the system and includes Uninterruptible Power Supplies for all critical loads.

KEY SYSTEM TRADES and TESTS
The design of the ground system required that system trades be performed to maximize performance.
Several of the key parameters identified in these trades were validated via testing.  System trades are a
valuable tool throughout the program life-cycle.  In the development phase, they provide key inputs for
the product performance requirements documents. As the system is built and deployed, these trades
continue to provide guidance for testing, siting, and operations. The key BMRST ground system trades
are telemetry bandwidths and peak deviation selection, RF link and siting analyses, and diversity com-
bining.

Telemetry Bandwidths and Peak Deviation Selection Trade

Telemetry bandwidths are optimized for the communication systems based on system data rates and
system modulation. Biphase frequency modulation/pulse code modulation (FM/PCM) was selected as
the method to communicate the GITU digital data over the transmission link.  The telemetry bandwidths
selection (refer to table 1) includes the premodulation filtering, receiver IF bandwidth, and postdetection
bandwidth. Parameters required for selecting telemetry bandwidths include peak deviation, IF band-
width to bit rate ratio, bit-error-rate (BER) performance, and incidental frequency modulation (IFM)
level.

Fortunately the Telemetry Applications Handbook Document 119-881 provides detailed guidelines on
the selection of optimal telemetry bandwidths. In addition, telemetry technical articles (e.g., Gene Law
papers) provide critical information. For example, the IFM factor was taken from a paper2 that pro-
vided guidance on determining transmitter IFM degradation in BER. The requirement for the GITU
transmitter was specified in accordance with these limits.

RF Link and Siting Analyses Trade
RF link analysis allows the system architecture developer to integrate communications requirements
(e.g., data rates, communication range) with the antenna diameter and system G/T. With a large an-
tenna; the communication link is achievable over long distances. Unfortunately, larger antennas have lim-
ited mobility and higher costs. The RF link analysis provides the developer with a tool to optimize com-
munications performance with equipment capabilities.

Honeywell has developed the Antenna Siting Analysis Tool (ASAT) that enables mission planners to
both develop the telemetry receiving subsystem and to evaluate locations for antenna systems. The
ASAT takes in the launch vehicle theoretical trajectory that includes information



Requirement Inputs Calculation Result
1. Total IF BW Calculation

Doppler Frequency (kHz) @ 25000 feet/sec 60.96 60.96 60.96
Transmitter Frequency Uncertainty (kHz)
@ ±0.001% Accuracy

24.00 2 x 24.00 48.00

Receiver Frequency Drift (kHz) @ ±0.00015% Drift 3.60 2 x 3.60 7.20
GITU Data Rate (kbps) 50.00 2 x 50 100.00

Total IF BW (kHz) 216.16
Receiver (Microdyne PCR-2000) IF Bandwidth (kHz) 250.00

2. Peak Deviation (kHz) @ Mod Index 0.65 .65 x 50 kbps 32.50
3. Allowable Peak IFM (kHz) @ IFM Factor 0.05 .05 x 32.5 kHz 1.63
4. Post-Detection BW (kHz) @ Post-detection Factor 2.0 2.0 x 50 kbps 100.00
5. Premod Filter BW (kHz) @ Premod Filter Factor 1.4 1.4 x 50 kbps 70.00

Table 1.  BMRST Telemetry Bandwidth Calculations

required by the link analysis equations such as range, elevation angle, azimuth angle, antenna clocking
angle, and radiator angle. The ASAT implements S-band telemetry downlink and UHF command de-
struct uplink analyses. The tool has antenna models that include the UHF Omni command destruct, the
UHF directional command destruct, the S-band directional telemetry, and the flight telemetry.

The tool also allows the developer to evaluate different plume models while observing the Intermediate
Frequency (IF) carrier-to-noise (CNR) to ensure that it stays above the FM capture range. All vehicle
plumes result in some attenuation of RF signals due to plume effects. The plume interferes with the RF
signal because it contains free electrons and ions that are produced by thermal ionization of alkali metal
impurities in the propellant.  Vehicles using solid based boosters are much greater contributors to this
problem due to the high metal content in the exhaust plume. The plume model used for the QRLV is
shown in figure 5.

QRLV Plume Model
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Figure 5. QRLV Plume Model



During the BMRST development phase, the ASAT helped determine that a 4.3 meter dish with a mini-
mum G/T of 15 dB-Hz was required to track vehicles for 2000 km. For the BMRST deployment to
Kodiak, the ASAT was used to model the QRLV trajectory (see figure below). This analysis showed
that only one ground station located at the launch site was required for range safety coverage throughout
flight. Figure 6 shows an ASAT output for the QRLV mission.  Note that for both the GITU and TMIG
S-band telemetry downlinks that there is sufficient link margin while the antenna elevation angle is above
the horizon. The GITU downlink, used for steering the antenna, has a link margin near 40 dB at motor
burnout and 30 dB near the end of the flight.
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Figure 6. Kodiak S-band Telemetry Link Analysis

Diversity Combiner Trade
When RF signals travel from the missile to the telemetry subsystem, they experience several anomalies
that result in fading and polarization changes. If the subsystem is not designed with diversity combiners
to compensate for these signal changes, then the quality of the received data is reduced.

A trade study showed that BMRST required pre-detection diversity combiners for polarization diversity
and post-detection diversity combiners for space diversity. The pre-detection diversity combiners are
placed at the IF output of the RHCP and LHCP telemetry receivers. Theoretically a 3 dB signal-to-
noise (SNR) ratio improvement is achievable if the two input signals are in phase and of equal ampli-
tude. This happens because the signals add coherently and the noise adds as the sum of the square
roots. However, this condition of two equal signals seldom occurs because the signals are experiencing
random phase and amplitude changes. This is where the real advantage of the pre-detection diversity
combiner comes to the front. For example, if the RF telemetry subsystem were only designed to receive
the RHCP signal and this signal experiences a deep null, then the telemetry data would be lost. In



BMRST, the pre-diversity combiner examines both the RHCP and LHCP signals and then processes
the combined signal based on weighting of the telemetry receiver Automatic Gain Control (AGC) volt-
age. The IF combiner output has an improved SNR that enables the telemetry subsystem to operate
above the FM threshold region (about +12 dB CNR).  The ASAT link analysis displays the IF CNR,
allowing the developer to ensure that the CNR does not drop below the +12 dB threshold.

In the BMRST post-detection combining architecture, the video output from each FEDS channel is fed
to post-detection diversity combiners. Due to the spacing between the two BMRST antennas, one an-
tenna might be momentarily in a deep fade. Under these conditions, the post-detection diversity combi-
ner acts like a combiner/switch, using the AGC voltages from the system 1 and 2 demodulators as
weighting factors. The outputs from the post-detection diversity combiners are then fed into the FEDS
bit synchronizers and decommutators for baseband signal processing.

In order to validate the trades, several tests were conducted at both the Cape Canaveral Air Force Sta-
tion (CCAFS) and the launch facility in Kodiak.  While located at CCAFS, BMRST tracked satellites
and conducted a controlled aircraft test. Although these tests validated several of the BMRST critical
requirements, they did identify that the antenna’s autotracking velocity and acceleration performance
was not adequate. Fortunately these results paved the way for improving the antenna’s performance in
Kodiak. The following test results were measured in Kodiak.

Telemetry Receiver AGC Testing
The telemetry receiver’s AGC voltage is used by the Antenna Control Unit (ACU) and the diversity
combiners to provide weighting factors on the relative signal strengths of received S-band telemetry sig-
nals. In order for the ACU and combiners to operate efficiently, the AGC voltage must have a high de-
gree of linearity. Figure 7 shows that the telemetry receiver’s AGC voltage is operating within its linear-
ity requirement of ± 2 dB over a 30 dB range.
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Satellite and Aircraft Tracking Tests

Satellite and aircraft tracking provides an excellent vehicle to measure the antenna’s autotracking veloc-
ity and acceleration performance. In order for the antenna to be capable of autotracking the dynamics of
the QRLV mission trajectory, the antenna subsystem must be able to track at velocities of 4 deg/sec
and accelerations of 0.3 deg/sec2.

Tracking tests performed at CCAFS revealed that the tracking velocity and accelerations were not
adequate to track the QRLV. Upgrades were made in Kodiak to the antenna’s servo control circuits
and boresite testing was performed to align the antenna tracking systems This paved the way for new
satellite and aircraft tracking tests in Kodiak.

Specific LANDSAT and IRS-1A high elevation satellite passes were chosen because these passes pre-
sent very high angular rates in the azimuth axis. Figure 8 shows the tracking data for one such
LANDSAT pass.  The left hand plot shows that this particular high elevation pass required a rapid
change in azimuth velocity.  The satellite elements were used to determine that the predicted maximum
velocity would be 5.5 deg/sec while the predicted maximum acceleration would be 0.33 deg/sec2.  As
can be seen in the right hand plot, the antenna subsystem autotracking performance was very good.
The maximum velocity reached was approximately 5 deg/sec while the maximum acceleration was just
at the required 0.3 deg/sec2 value. This satellite testing provided a good level of confidence that the an-
tenna subsystem could autotrack the QRLV.
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Figure 8. Antenna Subsystem Performance while Tracking LANDSAT

The aircraft test evaluates the antenna subsystem autotracking velocity and acceleration performances at
lower elevation angles more comparable to a missile launch. Although the aircraft only tested the azimuth
axis performance, the performance of the elevation axis should be similar because both the azimuth and
elevation servo constants are similar.

The Kodiak aircraft test placed a signal generator and antenna on a light aircraft which was flown in
patterns above the antenna, causing the antenna to track primarily in azimuth. The plane flew at an alti-



tude of approximately 1000 feet on several flight paths that provided antenna rates inversely propor-
tional to the distance to the aircraft ground track from the antenna. Aircraft testing demonstrated that the
antenna subsystem could autotrack at rates over 6 degs/sec and at accelerations greater than 1.0
deg/sec2. The antenna equipment was now ready to autotrack the QRLV.

TEST RESULTS
The satellite and aircraft tracking experiences reinforced the tracking strategy for the QRLV. The pri-
mary tracking mode would be to autotrack off of the downlinked RF signal. In the autotrack mode, the
system transitions to autotrack when a received telemetry signal exceeds a controlled signal threshold
level. If during flight the GITU signal should be received at a level below the autotracking threshold due
to transmission fades, vehicle antenna nulls, or high levels of plume, the system transitions back to slave
track mode. In the slave track mode the tracking computer primary position source is used to drive the
antenna pointing in a closed loop fashion until the autotrack acquisition threshold is again reached. The
system design is such that the primary position source could be any valid source of vehicle position data
including the GITU, vehicle TMIG, external pointing data, theoretical trajectory or updated theoretical
trajectory.

Thirty-five minutes prior to launch, the GITU was turned on and the antenna subsystem received the
GITU S-band signal at a sufficient level to exceed the ACU signal threshold level, causing the ACU to
transition to autotrack. From launch to 8 seconds from splashdown, both antenna subsystems 1 and 2
stayed in autotrack mode while flawlessly tracking the QRLV.

Tracking data was collected to determine how closely the antenna subsystem was able to track the
QRLV. Figure 9 shows the ACU tracking errors in elevation and azimuth. This error is derived by the
ACU when it compares where the antenna is pointing versus where the antenna is commanded to point.
When the vehicle is moving, this error value is processed by the ACU to point the antenna. The errors
developed in elevation or azimuth must stay within the antenna’s 2° beamwidth. Note that the maximum
elevation error was only 0.38° during liftoff.
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The best measure of the antenna subsystem’s performance is measuring how well the antenna pointed
towards the QRLV throughout flight. Figure 10 shows the antenna azimuth and elevation compared to
the QRLV actual position as determined from the GITU navigation data. Note in both the azimuth and
elevation figures that the GITU data validates that the antenna’s pointing error is negligible. Furthermore
figure 11 shows that the GITU position knowledge was excellent when compared to the post-mission
truth reference.
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Figure 10. Antenna Autotrack Solution as Compared to GITU Data
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Figure 11. GITU Tracking Performance



Figure 12. BMRST System Stationed at Kodiak Launch Complex

CONCLUSION

The BMRST program has demonstrated its primary goals showing that GPS based tracking for range
safety is feasible, commercial hardware and software can be used to implement a reliable range safety
system and a rapidly reconfigurable, highly mobile, range safety system is possible. Trade studies were
used throughout the program life cycle to optimize the architecture to multiple missions. Early aircraft
and satellite tracking tests further validated the architecture and provided important operational insights.
The performance of the system in deploying to Kodiak Alaska was excellent. The performance of the
GPS/INS flight system was excellent with better than 10 meter accuracy maintained throughout the mis-
sion. The optimization of the overall system design including flight and ground components resulted in an
exceptional performance in tracking the QRLV with negligible data loss up until a few seconds from ve-
hicle splashdown.
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Simultaneous Tracking of Multiple Signals Using a Thinned Array
Antenna System

Julius A. Kaiser
Fredrick W. Herold

Fox, Herold and Associates, Inc.

ABSTRACT

Multiple same-frequency signals including direct/multipath signals are distinguished and
individually tracked by measuring phase differences between sum and error channels of thinned
array systems.

KEY WORDS

Thinned array; Multiple Users; Phase discrimination; error channels.

INTRODUCTION

Using IF phase differences, multiple Users can be tracked at the same frequency, within the same
beamwidth, simultaneously.

SIMULTANEOUS TRACKING OF MULTIPLE SIGNALS USING A THINNED ARRAY
ANTENNA SYSTEM

Multiple signals incident on wireless communication systems are distinguished from one another by
utilizing frequency differences, CDMA, TDMA or resolution by the antenna system’s beamwidth.
However, signals at the same frequency that fall within the antenna system’s viewing angle, such as
multipath/direct signals, are not readily distinguished. Conventional antenna systems limit angular
resolution to one beamwidth of the antenna system, thereby excluding resolution of direct and
multipath signals that fall within the antenna system’s view.

This paper explores a scheme, whereby direct and multipath signals or multiple signals at the same
frequency falling within view of the antenna system can be readily distinguished and a means
provided to track any or all of the incident signals. The antenna system’s angular resolution
capability is thereby effectively enhanced.



It has been shown (Refs. 1-5) that sets of both real and imaginary spatial frequencies (SFs) can be
derived from the measured phase differences between elements of a thinned array of antenna
elements. Efforts have primarily been directed to developing the SFs at baseband. This paper makes
the case for establishing a set of SFs at IF as well. A thinned array of three elements with spacings of
2 λ/2 and 3 λ/2, for example, can produce eight derived contiguous real and imaginary SFs at
baseband and also at IF. (Tables 1 and 2)

A summation of the derived real SFs (cos terms) results in a conventional sum pattern with an on-
axis max (sum pattern) while a summation of derived imaginary SFs (sin terms) results in an error
pattern with an on-axis null. () pattern, Fig.1) There is an abrupt change in sign of the error channel
amplitude where the error pattern crosses θ = 0° (Point A in Fig.1). This abrupt change in sign is due
to a phase reversal when the cross-over point of the error channel passes through θ = 0°. Sufficient
amplitude in formation is thereby available to track a single signal incident on the system.

Two signals at the same frequency, eg., direct and multipath signals, incident on an array present a
more complex problem. For example, two signals of equal amplitude and separated by 8° result in a
sum pattern, which is the average of the two incident signals and points to a direction between the
two source locations (SUM Fig. 2). Similarly, the error pattern for the two sources is an average
where the zero cross-over is somewhere between the two sources (∆ pattern). Figure 2 also shows
the error patterns for each of the two individual sources that would be present if the other were not
present (∆1 and ∆2). An abrupt phase reversal occurs when the average error pattern crosses θ = 0°
as when a single signal is incident (point A in Fig. 2) and in addition is accompanied by a reversal in
amplitude sign. Scanning the error pattern will result in additional phase reversals as well: a scan to
the right will produce an abrupt phase reversal at point B (Fig. 2) while a scan to the left produces an
abrupt change at point C. At point B, the resultant average error pattern is due entirely to that of
error pattern ∆1 because ∆2=0 at B. At point C, the resultant average error pattern is due only to
error pattern ∆2, since ∆1=0. No change in error channel amplitude at BB occurs in either of the
latter cases. Both sources can be individually acquired and tracked however, by generating two error
channels, one for each signal and locking on phase reversals. One error channel is scanned to point B
where the phase reversal is used to acquire and track one of the signal sources, while the other error
channel is scanned to point C in order to acquire the second signal. The phase reversals at B and C
can, therefore, be used to simultaneously acquire and track the individual signal sources.

Carrier phase information for the signal sources at baseband as shown in Fig. 2 is not available since
the carrier has been removed. Phase information is available, however, at IF, where carrier
representation is available. It is therefore necessary to establish a set of SFs at IF (Table 2). A
representative sum pattern of real SFs at IF with phase information present is shown in Fig 3, while a
representative error pattern with phase information is shown in Fig 4. Note the phase reversals that
occur at all zero amplitude crossings. A measure of phase difference between the sum and error
channels at IF produces the phase reversals as described above.

Each additional signal incident on the array will present an additional zero crossing and therefore
another phase reversal, requiring an additional error channel to acquire and track the signal.



A sum channel that contains desired intelligence can distinguish two sources by multiplying the sum
channel and the error channel that is pointed to the undesired signal, since an error pattern that is
pointed to a signal source contains zero output from that source.
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Table 1.  SFs at Baseband for Three Element Array



Table 2. SFs at 1F for Three Element Array
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Figure 1.  Sum and Error Patterns at BB for 3 Element Array – Single Signal
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Figure 2.  Sum and Error Patterns at BB for 3 Element Array – Two Signals
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Figure 3.  Sum Pattern of Real SFs at IF for 3 Element Array
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A PROGRAMMATIC OVERVIEW OF THE DEVELOPMENT
AND IMPLEMENTATION OF THE RICS

Christopher W. Snider
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ABSTRACT

The Range Instrumentation and Control System (RICS) is a network of personal
computers (PCs), routers, and switches designed to transport time-space-position
information (TSPI) and/or other data between multiple Test Sites and data reduction
facilities.  The typical use of RICS will be the transport of TSPI data from a System
Under Test (SUT) to a Focus Site for real-time display and post-mission analysis of the
data. This capability will be expanded to include the transport of telemetry (TM), video,
and communications data via the RICS.  This paper will discuss the overall hardware
design of the RICS.  It will further describe the programmatic issues encountered during
the implementation phase of the RICS project.  The paper will describe the initial design
criteria, the selection of hardware to implement the design, problems encountered with
the implementation of the hardware, solutions and workarounds to the problems
encountered, and lessons learned during the entire process.

KEY WORDS

Real-Time, TSPI, RICS

INTRODUCTION

In 1995, Hurricane Opal struck the Gulf Coast of Florida. That portion of Eglin AFB
called the Santa Rosa Island (SRI), was in Opal’s path and received significant damage to
its infrastructure due to the hurricane's tidal surge. As a result, several Eglin test sites
along the island were destroyed.  Congressional funding was provided to restore or
reconstitute the test capability on the SRI.  Senior leadership at Air Armament Center
(AAC) level decided that three new test sites and a 300-ft Open Air-Hardware In The
Loop (OA-HITL) tower would be built to provide a premier test capability along the Gulf
Coast, instead of just rebuilding the damaged or destroyed sites.  This initiative was
designated the SRI Reconstitution Program.  The three test sites were named Focus Sites,
since they would become the focal points for all data collection systems on SRI.
Construction on the Focus Sites began in May 2000 and the sites were completed in May
2001.  The OA-HITL Tower is still under construction and will be completed early in
2002.

The RICS program was created as a subprogram of the SRI Reconstitution Program.  The
initial intent of the RICS program was to provide a replacement for the antiquated
Universal Data System (UDS), which is used for the data acquisition/recording/



transmission of a radar time-space-position information (TSPI) source.  The data is
transmitted via microwave back to the Central Control Facility (CCF) on Eglin Main
Base.  Additionally, the RICS will interface with the existing Range Slaving System
(RSS).  RSS data is utilized by other range systems for initial target acquisition and for
pointing antennas/systems, which have no self-tracking capability.  The RSS utilizes
analog tone transmitter/receivers that communicate over telephone lines, similar in
operation to the telephone modems used on PCs today.  The RICS will provide an all
digital and fiber optic interface to the RSS.

A team consisting of members from 96th Communications Group/SCW (software
development), 46th Test Wing/TSD (hardware development), 46th Test Wing/TSR
(program management/range facilities) was established to design and build the first
RICS.  Based on the potential capability of the RICS, the design was modified to include
Telemetry, Voice Communications, and Video data.  The initial design document
reflecting the complete design was produced in Dec 1999 [1].  This document was
modified several times to reflect the design being implemented today. As the design
stands today, the RICS is a distributed network system that provides a variety of TSPI
data to test sites distributed across the AAC test ranges.  It can be used to pass TSPI data
between any two RICS-capable sites or it can be expanded to include multiple RICS
capable sites.  Since all participating sites are RICS-capable, the data passed is
standardized. Standardization leads to interoperability.  Interoperability between systems,
sites, and even test ranges is of vital importance to Department of Defense (DoD) testers
in the 21st century.  The RICS can provide that required interoperability. RICS team
members have participated in recent meetings with the Foundation Initiative (FI) 2010
program, a DoD program aimed at standardizing data products and promoting
interoperability between DoD ranges.  The team has submitted several test cases,
proposing that the RICS become a participant in the FI2010 test process at Eglin AFB.

INITIAL RICS NETWORK DESIGN

The original concept for the RICS, as mentioned earlier, was a replacement for the UDS.
The primary reason for the replacement of the UDS system was obsolescence.  Since
radar data is still one of the primary TSPI sources on the AAC range, a new means of
transporting AZ, EL and Range data was required to continue operations.  To implement
data transfer from a SUT, the Multicast User Datagram Protocol (UDP) [2] was selected.
Although UDP does not guarantee the ordered-arrival or even the arrival of packets, tests
showed that the system could meet and/or exceed the 10 Hz data rate of the existing UDS
[3].

Once a transfer protocol had been selected, the basic design of the network needed to be
documented.  Figure 1 shows the basic design of the fiber network that the RICS uses to
pass data.  The design has remained relatively unchanged since the initial concept.  As
can seen from the figure, the network consists of a single mode fiber backbone, which
connects the Focus Sites to the CCF.



 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1.  Basic Network Design for RICS [3] 
    
The Focus Sites are spaced along the coast of the Santa Rosa Island, which is separated 
from the mainland by the Santa Rosa Sound.  The fiber originates in the microwave 
building, which is the focal point for all fiber connections on the AAC range.  The main 
fiber bundle (indicated by thick lines) runs from the microwave building approximately 8 
miles to nearby Hurlburt Field, under the Santa Rosa Sound, and then along the length of 
Santa Rosa Island.  The main fiber bundle provides 48 single mode fiber pairs to the 
Santa Rosa Island.  As the main bundle travels down the Island, multiple pairs of fiber are 
split off the main bundle to service the three Focus Sites and other test sites.  The CCF is 
connected to the microwave building by several, single mode fiber pairs.  This 
connection completes the connectivity between the CCF and the Focus Sites. 
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Figure 2. The Initial Network Design for RICS [4] 
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The design was then expanded to include specifications for hardware.  Figure 2 shows the
initial design for the RICS data and Telemetry data.  Not shown in this initial drawing is
the third DS3 connection that provides all of the communications capability at the Focus
Sites.  DS3 is a standard commonly used to transport high-speed data over copper wire
(carried by a T3 line at 44.736 Mbps) [5].  The design for the communications system
was added a year later.  The figure shows the RICS to be a network of routers designed to
pass information freely between two sites or multiple sites.  The basic backbone of the
network is built upon Alcatel's OC MUX technology.  This setup provides a SONET
fiber ring with maximum data rates at the OC-12 level or 622.08 Mbps [6].  SONET is a
physical transmission vehicle that is capable of transmissions in the gigabit range [6].
Each of the Focus Sites is outfitted with an OC-3 MUX, which has a maximum data rate
of 155.52 Mbps [6].  By today's standards, these data rates may seem a little slow, but the
basic design can be modified to accommodate any data rate the user may wish.  One
approach would be the use of Gigabit Ethernet, which was not available at the time of the
initial RICS design.  In fact, the routers listed in Figure 2 have the ability to support
Gigabit Ethernet with a simple card swap.  Since the design utilizes commercial off-the-
shelf (COTS) hardware, it can be expanded with new technology to fit future
requirements for higher data rates.  The initial RICS design, shown in Figure 2, shows a
Cisco 7204 router used to pass the RICS data.  The design has been changed to 7206
routers at the Focus Sites.  By changing the router chassis, additional DS3 data pipes can
be added to the RICS by simply adding additional cards.  The RICS now has a little room
for growth in the future.

It should be noted that the telemetry (TM) does not actually pass through a router in the
design shown in Figure 2. The Pulse Code Modulation (PCM) data, from the telemetry
receiver/bit sync, is fed into an Apogee multiplexer. The telemetry data is then converted
to DS3 data and it is passed through the SONET backbone to another multiplexer at the
site receiving the data.  Typically, the CCF will be the recipient of the TM data for
reduction/analysis/display, but the Focus Sites will have the ability to receive and display
the TM data with a PC-based decommutation system. Reduction and analysis of the TM
data will still be accomplished at the CCF.  This portion of the RICS design may be
significantly changed in the future to incorporate the new features of PC-based
decommutation systems.  Most PC-based decommutators provide Ethernet support for
the networked exchange of telemetry data.  By using a series of networked
decommutators (one at each Focus Site and one at CCF), the RICS could freely pass
telemetry data between multiple test sites.  Since the data would have already passed
through the decommutation system, it would be available to the user in raw or formatted
form, ready for immediate use in strip charts or display.  Obviously, the TM data would
now be in unencrypted form (necessary to pass TM data through a decommutator) and
the advanced RICS design would need to provide security for classified data.

The current RICS design uses KG-95 Encryption/Decryption units to provide security for
the RICS.  The KG-95 is designed to take in clear DS3 data and output encrypted DS3
data.  Conversely, the KG-95 can take in encrypted DS3 data and  output clear DS3 data.



Figure 2 shows the required placement of the KG-95 units that maintain a secure link
between the Focus Sites and CCF.

Figure 3 is a block diagram of the physical layout of the Focus Sites.  Not all of the Focus
Sites have two test pads, but the diagram illustrates the basic layout of the site.  The RICS
is installed in the control building.  A multi-pair bundle (single mode) is tapped from the
main SRI fiber bundle and interfaced into the RICS.  Multi-mode fiber is run from the
test pads to the control building and it is connected to the RICS.  The test pads are
reinforced concrete slabs (30' X 30') with tie downs for a large System Under Test (SUT).
The SUT can be a radar, TM pedestal, or another large system needed for testing. The
customer secures the SUT to the test pad and hooks into the RICS via a Data Interface
Adapter (DIA).  The DIA is a PC-based system that provides a multitude of electrical
interfaces to the SUT, which allows the SUT to become a participant in the RICS
network.  As the figure indicates, multiple DIAs can be supported by a single RICS.  The
total number of DIAs that can be added is dependent upon the overall bandwidth of the
system.  As discussed earlier, the RICS bandwidth can be increased by the addition of
technologically advanced hardware as it becomes available.  Care must be taken to
account for the bandwidth of the overall system, which includes the SONET backbone.

Figure 3. Focus Site Layout

PRESENT RICS DESIGN

This section covers the RICS design as it is documented today.  Figure 4 below shows the
system design for each of the Focus Sites.  The original RICS design documentation did
not include a detailed specification for the communications system.  Figure 4 shows a
detailed breakdown of the communications system used for the RICS.  The addition of
the communications system utilizes the remaining DS3 data pipe available on the OC-3.
The DS3 line is connected to a T1 channel bank, which provides up to 24 T1 lines.  The
T1 line provides a 1.54 Mbps data pipe [4].  The communications system is a COTS
solution from CSTI-Motorola and it utilizes T1 lines to digitally pass voice across the
network.  Figure 4 shows several units marked AP or Access Panel.  The APs are touch
screen panels containing software menus to control all aspects of communications to
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include telephones, radios, and voice nets.  A switch located in the microwave building is
responsible for the transfer of data between the APs.  Voice data from the microphone of
one AP position is digitized, sent via T1/SONET to the microwave building, routed
through the communications switch to another T1/SONET connection, and the digitized
voice is transported to a different AP position (same or different Focus Site).
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Figure 4. Focus Site System Design [4]

In addition to the APs, the communications system supports an Analog Distribution Unit
(ADU).  The ADU is an analog communications panel that only provides voice nets,
which is ideal for testers operating a SUT out on a test pad.  The tester selects the voice
net with a rotary switch located on the front of the ADU.  Since the ADU is an analog
system, it will not accept T1 data.  The ADU is connected to the communications switch
in the microwave building via an analog (4 wire) input to the voice/digital channel bank.
The voice channel bank then converts the analog input to a digital word.  The digital
words from ADU's, telephone and radio inputs are multiplexed together to form a DS1
data stream.  The DS1 data is sent to the T1 channel bank for shipment to the microwave
building.  In the microwave building, the DS1 data is converted back to analog.  The
analog data is then processed by a 4 wire analog card; located in the communications
switch.  Once the data is inside the communications switch, it can be sent in
digital/analog form to any of the participating APs or ADUs.  The digital interface
provides significant flexibility by allowing the user to create a different communications
menu for each type of mission to be supported.  From a single AP, the user can control
voice net, radios, and telephones with a simple touch on the APs screen.

Figure 4 illustrates how video data is inserted and transported with the RICS.  Up to 8
video inputs, in standard NTSC (National Television System Committee) format, are fed
into a video switch.  The video switch output is routed to one of three Video Bricks



(Vbrick), which digitize the analog NTSC data.  Additionally, the video switch output is
routed to video monitors in the RICS console (not shown in Figure 4).  The Vbrick
converts the analog NTSC video into MPEG video.  The digital MPEG video is passed
through the 2924 switch, into the 7206 router (note the router has been changed from a
7204 to a 7206), where it is routed to either CCF or another Focus Site.  Since the video
switch has a RS-232 link to the router, the router can remotely control the video switch.
Therefore, the video switch can be remotely controlled from any location that has a
RICS.  Video can be passed from one Focus Site to another for merging video displays.
This provides a significant amount of flexibility by allowing the tester to distribute
cameras across multiple Focus Sites and view all the video at a single RICS console.
Experiments in the laboratory did show some latency problems with the Vbricks.  When
the video is passed from one Vbrick to another Vbrick, there is less than a half second
latency.  This minimal latency is due to the fact that the MPEG video is simply passed
between two Vbricks without attempting to display the digital MPEG video.  In other
words, the video goes in one end as NTSC and it comes out on the other end as NTSC.
The Vbricks have simply acted as a "pass through" for the analog data.  The latency
problem occurs when the NTSC video is converted to MPEG on one end and the system
attempts to display the MPEG video on a SVGA computer monitor on the other end.  In
this case, the video was delayed by at least three seconds, an unacceptable eternity in
many real-time test applications.  The problem appears to be in the third party software
provided with the Vbrick.  The code would have to be optimized to be useful for real-
time testing.  Recent developments in this technology may solve the latency problem, but
the RICS program has not yet tested the latest Vbricks.

The 7206 router is the centerpiece of the RICS design for the Focus Sites.  First, the
router is responsible for directing control commands to the video and telemetry sections
of the RICS.  Second, the router directs the flow of UDP messages between the DIA and
the RICS computer (labeled RIC in Figure 4).  Third, the router directs slaving data to the
RSS system via the RICS-to-RSS computer.  Finally, the router provides the main I/O
port for the data collected by the DIAs at the Focus Site.

The telemetry portion of the RICS design contains a TM receiver (not shown in Figure
4), KG-68 decryptor, bit synchronizer, TM multiplexer, and a PC based decommutator
(not shown in Figure 4).  Once the PCM stream has been received and decrypted, it can
be passed to the TM multiplexer and/or the decommutator.  The decommutator is PC-
based and it supports a distributed network of data.  The feedback path for the
decommutator is a 100 Mbps Ethernet connection to the 2924 switch.  If the data is
passed to the multiplexer, it simply passes directly to another multiplexer at the other end
of the SONET connection, where it is converted back to a PCM stream.

The DIA portion of the RICS design is perhaps the most significant effort undertaken
during the implementation of the RICS program.  The DIA provides an electrical/logical
interface to legacy systems that cannot provide an Ethernet connection, which is required
to interface to the RICS.  The DIA is a rack-mounted PC with multiple interface cards.
Figure 5 illustrates the basic design as it stands today.  The DIA is a combination of
COTS hardware and Government Furnished Equipment (GFE).  The GFE portion of the



hardware was designed locally at Eglin AFB.  Additionally, the software for the DIA is 
GFE and it was also developed locally at Eglin AFB.  The basic Operating System (OS) 
for the DIA is VxWorks.  This OS was selected for its ability to provide excellent real-
time control of the computer and interface cards.  
  
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 

Figure 5. Current DIA Design 
 

Figure 5 illustrates the layout of the cards in the DIA chassis.  The Acromag card is a 
basic I/O card, which provides multiple serial I/O ports and multiple discrete input lines.  
The discrete input lines have opto-isolators for protection.  This COTS card serves as a 
generic I/O card.  The GPS receiver card is COTS hardware that provides the central 
timing for the DIA.  All timing is based upon or referenced to the GPS time.  The 
W1/W2/W3 card, designed and fabricated by design engineers in the 46th Test 
Wing/TSD, is the hardware that receives pulses and serial words from various legacy 
radar systems.  The pulses and serial words are then converted to radar AZ, EL, and 
range TSPI parameters.  The W1/W2/W3 card is system specific and it is not intended for 
use as a generic capability.  The Hi-Res card is GFE hardware that samples discrete 
inputs.  The difference between the Acromag and the Hi-Res discrete input capability is 
simply a matter of sample rates.  The Hi-Res card samples discrete data at a faster rate 
than the Acromag.  Again, the Hi-Res card is system specific, designed to capture data 
characterized by a high rate of change and it is not intended for use as a generic 
capability.  The Synchronizer card is GFE hardware that provides a generic digital-to-
synchro converter.  The card has plug-in modules to support a range of synchronizers, 
depending on the application.  The primary purpose of the Synchronizer card is to 
provide slaving from other TSPI sources (radar, GPS, etc.).  The last card shown in figure 
5 is the Ethernet card.  This card is COTS hardware that provides a 100 Mbps connection 
to the RICS.  As shown in Figure 5, a fiber modem is used to provide the final connection 
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between the DIA and the multi-mode fiber.  The fiber is then connected to the 2924 
switch, as shown in Figure 4. 
 

DATA FLOW IN THE RICS 
 

A discussion of the flow of data is necessary to provide insight into the overall 
capabilities of the RICS.  Figure 6 shows the client/server relationship between the DIA 
and the RICS computers.  The server represents the DIA and the clients represent the 
RICS computers (note: the RIC computer represents the RICS computer in Figure 4). 
 
 

 
 

 
 
 
 
 
 
 
 
 
 
 

Figure 6.  Multicast UDP in the RICS [3] 
 

An individual RICS computer (client) signals the DIA (server) to send information over 
the network.  Since RICS utilizes multicast UDP, the UDP packet is broadcast over the 
network.  All the routers on the network receive the UDP packet and they pass multiple 
copies on to each of the computers on their respective networks.  At first glance, it might 
appear that the clients would be overloaded by a steady stream of packets that are not of 
interest to every client.  This would be true if every client listened to every packet that the 
network produced.  The actual process allows each client to effectively “listen” to 
specific packets from specific servers.  The question remains, which client controls the 
flow of the packets?  A client assumes control of a server to direct the packet flow.  The 
client now commands the packets to be transmitted from the server, but other clients can 
“listen” to the packets.  This allows other clients to receive the transmitted packets in a 
“read only” manner.  Therefore, the client can take control of a single or multiple servers 
and the client can “listen” to a single or multiple servers. 
 
The RICS utilizes multiple software packages to provide the orderly flow of data on the 
network.  VxWorks is used for the DIA operating system.  C++ was used to create the 
driver/application for each of the cards in Figure 5.  A Component Object Request 
Brokering Architecture (CORBA) software module was compiled with the C++ 
application to provide a CORBA object capability in the DIA.  With this CORBA 
configuration, the server exposes necessary objects to the client and the object location is 
transparent to the client [3].  On the opposite side of the network, the RICS computer 
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uses the Windows 2000 operating system.  Java was used to create the Graphical User
Interface (GUI) for the RICS.  The Java software creates the necessary reference
application to access the CORBA object that is resident on the DIA.  The GUI provides
all the necessary controls to direct the flow of data.  Since it is a Windows-based
application, the "look and feel" of the GUI is very intuitive.

CONCLUSIONS

Although this paper is not an exhaustive discussion of the RICS, it is intended to provide
a general overview of the design and capabilities of the RICS.  During the execution of
the RICS program, there were several lessons learned.  The first lesson learned was that
the design should be transcribed to paper as early as possible, which is a basic premise to
systems engineering design.  The communications system for the RICS was not added
until late in the design process which resulted in schedule delays during the search for an
applicable communications system.  The second lesson is that regular structured meetings
must be held between the members of the entire design team.  The RICS design team has
met every two weeks for the last three years.  The meetings have been invaluable in
coordinating the efforts between the various organizations involved and the meetings
have provided a forum for discussion on design changes, thereby significantly reducing
risk to the overall success of the program.  The last lesson was the proper identification
and allocation of funds resulting in a detailed financial plan.  The plan should define
funding for each year and it should identify the items to be purchased during that year as
well as identify the areas of accomplishment for each year.  A detailed financial plan
helps identify problem areas coming up in the schedule and it helps the program manager
identify shortfalls in funding “up front and early”.  All lessons learned reiterated the basic
programmatic rules governing cost, schedule, and performance for the successful
completion of a program.
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Radio Frequency Test Lab
Built on Non-Developmental Items

ABSTRACT

The DoD has recently mandated new acquisition, or procurement strategies for the research and
development community.  The policy includes using Non-Developmental Items (NDI) whenever feasible,
as well as avoiding the use of proprietary sources.  Such practices lesson time from specification to
operation, ease of extensibility and progressive maintainability.

In this paper we discuss the NDI and in-house designed test assets developed and implemented for
testing the pods. Our time from specification to test was less then one year.
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INTRODUCTION

Semi-Active Seekers

The Pod Mounted Seeker Program (PMSP) Lab has a small anechoic chamber and a secure
network of computers for calibration, maintenance, and preflight operation of Captive Carry pods.  The
PMSP Lab test assets are built exclusively on either in-house design products or NDI, i.e.; there are no
proprietary sources.  The test assets include an avionics simulation system, an RF stimulation and
simulation system, a GPS time distribution package, and real-time telemetry and recording system.

The pods carry semi-active seekers that capture angle and Doppler tracking data from a target
aircraft.  The data is later packaged for customer delivery and/or analysis.  There are two pods and each use
a unique tracking scheme, although both use the same theoretical techniques.  The pods house Surface to
Air semi-active seekers.  Each employs monopulse angular and Doppler velocity tracking techniques.

Angle Track

The angle tracks are acquired via phase monopulse radar using a quadrature of sum (S) and
difference (D) channel vectors.  The figure, shown below, depicts a simple phase comparator radar channel.
The S channel receives amplitudes from at least two azimuthal and elevation beams, A and B : S = A + B .
The D channel is D = A – B.   The amplitude through both ports is roughly the same.  The phases differ if
the target is located off-boresight.  The phase ‘shift’ is 2dcosα/λ, where λ is the received wavelength.  The
difference, D, is generated by a comparator that phase shifts port A by π radians followed by an addition to
port B.   The sum has no phase shift.  The channel may be modeled in the complex plane as S±D.  These
signals are sent to the receiver as quadrature signals.  This results in a complex signal, D = j(A−B ).  It is
easy to show that the real part of the ratio (D/S) is proportional to the direction cosα to the target angle off-
boresight.



Doppler Track

The Doppler tracks via comparison of a rear reference signal from a ground illuminator and a
front-end target return from the same illuminator.  The Doppler is calculated in the pods via comparison of
a rear reference channel antenna and a front-end (target) receiver antenna. The reference antenna receives
an illuminator beam of ‘known’ frequency and the front end receives the target’s reflection of the
illuminator.  For vo & vi << c the observed frequency (fo) is

fo = fi(1+βo)/(1-βi).

vo is the observer’s velocity; v i is an illuminator’s velocity, fi is the illuminator frequency.  For a seeker
assume the target’s velocity (v t) is positive towards the seeker’s front-end receiver, then

fsf = ft(1+βs)/(1-βt).

Note that if v t or vs increases the observed frequency increases.  Now ft = fi(1+βt)/(1-βi), so

fsf = fi(1+βt)/(1-βi)(1+βs)/(1-βt).

For the seeker’s rear reference receiver

fsr = fi(1-βs)/(1-βi).

The difference in the seeker’s front and rear signals is

∆fs ≡ fsf – fsr = fit + fts – fis.

Substitution and simplification yields:

∆fs = 2fi(βs + βt)/(1-βi)(1-βt).

Where βx = vx/c is the Doppler ‘weight’, v is the line of sight (LOS) ‘source’ speed and c is the speed of
light in vacuum.  The LOS is a ‘unit’ radial between target and the seeker front-end.  Acceleration can be
added to the velocity in set ‘acceleration’ increments.

Control Hardware

All control is coordinated by or through a Power PC (PPC) card on a Versa Module Eurocard
(VME) bus.  The PPC has three command and control (C&C) external communication channels: Serial
(RS-232); Ethernet; and MIL-STD-1553 bus.1  There is also a telemetry (TM) channel (RS-422-to-PCM
[pulse code modulation]) that links the PPC and an S-band transmitter.  The system control and data

                                                                
1 The RS-232 and Ethernet both use File Transfer Protocol (FTP) for pod-workstation interfacing, as well
as for pod-rack communication.  The MIL-STD-1553 is simulated in the PMSP Lab with an SBS© PASS-
1000 system.
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acquisition is coordinated via a Real-Time Operating System (ROS) on the PPC.2  All communication,
C&C, and data acquisition transmit through the PPC.

Each pod has four primary modes to control – Power ON/OFF, Standby, Slave, and Track (or
Designate).  Pod modes are distinct from seeker modes.  A ground control station commands via a TM
duplex link.  We use this link in the PMSP Lab with an Avionics simulator, discussed below.

The Power Monitor board converts aircraft +28VDC to standard integrated circuit (IC) logic &
signal conditioning levels and also monitors the power levels.  All switching is via +28VDC relay,
a watch dog timer on this board that monitors the acquisition cycle.

The primary control logic signals that interface the PPC with the seekers are on PC boards (PCB)
called Slave and the Digital Output boards.

The Digital Output  board permits the interface of C&C software and hardware via solid-state
switches.  These solid state switches receive signals directly from the PPC via the VME bus.  The
modes are unique to the pods, e.g., on the SADS_VI some of the modes are RDY, LWOL Lock ,
HST, EOB, NZI, etc.  The modes are not discussed in detail here.

The Slave  board is the primary command interface for ‘Track’ or ‘Designate’.   The ‘Designate’
values are not simple C&C signals – the circuit outputs designate commands based on real-time
time-space-position information (TSPI) data processed by a Kalman filter with GPS and INS data
parameters, and a 9-degree of freedom kinematics model designed by Georgia Tech Research
Institute (GTRI).

Instrumentation Hardware

Each pod is fully instrumented for data acquisition of track data.  There are two Digital Input  and
two Analog Output boards.   The TM is an RS-422 signal from the PPC, conditioned via ICs.

The Digital Input boards are the discrete digital to analog converters (DAC); they collect data
from the seekers.   There are 32 channels - not all are used.  The discretes are all transistor-
transistor logic (TTL) levels.  Some signals specific to the Improved Homing All the Way Killer
(I-HAWK) pods are target detect, noise detect, boost strobe, etc.

The Analog Input boards are 16 channels each with identical conditioning circuits except for gain
scaling.  An active LP anti-aliasing filter follows the gain.  Some of the signals on SADS_VI are
inner position , outer position, Doppler sweep volt, Doppler disc err, rear IF level, etc.  These are
not discussed in detail.

The TM channel is a 63, 16-bit word format that is encrypted.  The TM system receives input
from the TM signal conditioning ICs on the Power Monitoring/Miscellaneous board.  The board’s
front-end is driven by an RS-422 port of the PPC, the rear end is a PCM signal for the S-band
transmitter.

The test data is also recorded on a Solid State Disk (SSD); the files are file allocation table-
formatted and may contain seeker data, as well as TSPI and MIL-STD-1553 bus traffic.

                                                                
2 The PPC is the controller of what is called a  ‘Computational Card Cage’ (CCC).  The CCC is a 15-slot
VME system.



Test Equipment

RFTS

The RF Test Suite (RFTS) is a suite of RF generation and acquisition equipment, a TM receive system, an
Avionics simulator, and a GPS time distribution system.  Communication is via Ethernet and IEEE-488.3

The RF_1 is a network designation for a computer that controls the avionics simulation
intermediate frequency (IF) via a modified SBS© PASS-1000 application.  This application
permits MIL-STD-1553 bus control, as well as full Real Time Kill Removal (RTKR) pod4 and
MIL-STD-1553 bus simulation.  The Sim application, as it is called, was customized by GTRI to
display pod particular information.

The Sim has six primary fields of information:

Modes, Telemetry, Recording, Illuminator;
Faults, Target GPS ID;
Seeker Commands;
Track parameters;
Status;
Mode Commands.

When calling the Sim avionics application, the operator selects the IF based on pod type, test type,
and whether a full avionics, or RTKR pod simulation is required.  The RTKR pod simulation may
be run only when the pod is on the wing pylon with the actual MIL-STD-1553 bus IF active.  The
simulation IF also permits mode selection, i.e., power ON/OFF, Slave, Standby, Track
(Designate), TM ON/OFF, Record ON/OFF, etc.

                                                                
3 Each computer has a serial port (RS-232) designated to monitor RFTS uninterruptable power supply.  The
health and status of the power system is shared via an Ethernet.
4 RTKR is a range pod designator.



Shown below is a serial port communication IF.  This terminal permits total control of the
avionics, plus additional IF commands needed in the PMSP Lab.  The terminal is a standard IF
available with the NDI operating system.

The RFTS and pods use GPS time receiver systems.  The GPS time is captured and distributed to
all RFTS and pod computers via a Brandywine™ card and a time distribution software kit called
TimeSync®.

The RF_2 is a computer that controls RF field generation, switching, and Doppler signal
simulations.  All field generation and simulations are controlled via a RF Test Executive (RTEx) 5.
There are five fundamental RTEx modules used to control the equipment:

Target return (free space)
Reference (Illuminator injection or free space)
ECM (free space)
Modulation on Illuminator
RF Switch (to antenna & acquisition units)

Below you see the IF the developer would use for loading and running RF Doppler and angle track
simulations.  The sequence of modules that make up this test are shown in the display window on
the left; a description is shown in the upper right window.  The test run status will appear in the
lower right display.  The ‘Switch’ control appears on the lower right and also ‘acts’ as a display of
the present switching scheme.  The menu at the top is a set of buttons for loading and unloading
test sequences, as well as for logging in and out and even modifying and/or creating test
sequences.  The colored buttons are for direct control of the RF equipment displays, status and
health, as well as soft resets.  The RF_Out_Ctrl permits a user to control when the actual radiation
will happen for each source.  In this case the ECM is shown as the source.

                                                                
5 RF_2 controls the RF equipment via the General Purpose Interface Bus (IEEE-488).



The operator IF has a subset of these controls that permit loading, unloading sequences, running
the sequences, and controlling the ‘RF out’.

RTEx coordinates the execution of signal modulations, power and frequency field characteristics,
and all the RF switching necessary to steer Doppler simulated signals to antenna, injection ports,
and RF acquisition units via software modules.   These modules are not available to the operator,
but a developer can access them for building test sequences, or even access from the RTEx for
parameter changes.

Below you see a module for controlling the target RF characteristics.  The modules are designed
to permit interactive changes to the present test parameter sets.  Each module has a full description
of its use accessible via the main Windows menu.  The controls are simple to use and intuitive.



The target and reference sources controlled by these IFs are HP83731b generators, the ECM
source is an HP83711b.  The modulators are HP33120a signal generators.  The acquisition system
consists of an HP8566b spectrum analyzer, an HP438 power meter, an HP54750a oscilloscope,
and an HP5350b frequency counter.   Each has an IF C&C module that may operate under control
of RTEx, or under direct user control.

The RF_3 is the TM interface (IF) – this channel contains an SBS-Berg™ TM suite with a
DataXpress® (DX) application IF.

With this IF you may call the DxSystem Controller by selecting the Control icon on the left, or by
simply pressing the Start icon  on the right.  The Start icon calls the system controller, initializes
the Current Value Table (CVT), the hardware controls for receiver, bit sync, and decommutator.
The DxSystem Controller for running a decommutation system is shown below.

The DX IF permits real-time views of the TM data in the PMSP Lab, flightline, or even a range.
The pods have TM ports for direct injection into a TM receiver on the RFTS.  The TM hardware is
a SBS/Berg® 4487 receiver, a 4422 Peripheral Component Interconnect decommutator with
mezzanine bit sync.  The pod formats are stored in a Microsoft® Access® database.

Development Workstations and Tools

The PMSP Lab has three development workstations: a Sun Sparc10 with the Solaris operating
system that houses the VXWorks™ ROS development environment. There are also two Windows® NT 4.0
workstations.  All PMSP Lab and pod computers are linked via Ethernet.

The ROS is VXWorks™, a Windriver™ product developed for the Solaris operating system.  The
Sun is a government asset that GTRI used to develop and modify pod control programs.  The



programs are stored on board the PPC in flash; the transport from the Sun to the ROS is via an
FTP port available on the PMSP Lab computers.

The RFTS and PMSP Lab development stations use a popular commercial operating system:
WinNT4.  The primary development environment on the WinNT4 operating system is
LabVIEW™.   The LabVIEW™ development environment was used for the RF simulation
architecture.

The pod on-board storage is via a Solid State Disk (SSD).  The SSD may be removed from the
pods and docked in the RFTS.  The disk may be written directly to CD for customer delivery, or
analyzed on sight.

The applications for data reduction and analysis are a product of GTRI.  This software package
runs under the NT DOS prompt, it is called Post-Test.  This IF parses data directly from the pod
disk, e.g., it sorts by data type and/or time slices.  The data can be ported to MATLAB® or even a
spreadsheet application, e.g., EXCEL®, for analysis.  We use the Post-Test for pod calibrations.
Below you see the operator IF.

The data is stored in a ‘folder’ file structure visible to the WinNT4 operating system.

The PMSP Lab also has an AutoCAD6 workstation.  This workstation is used exclusively for
modifying the schematic and wiring diagrams used to build the DAC C&C cards not available in the
commercial market.

Conclusion

The testing, calibration, and maintenance of the captive carry pods requires detailed coordination
of RF field sources, communication and telemetry interfaces, as well as analysis tools.  There are now
several commercial systems available that suit our needs.  An effort has been made to build a system that
relies on NDI products, and when necessary we have designed any unique products unavailable in industry
using industry tools.   This system was built in less then one year; upgrades and support  for the software
and hardware is guaranteed.  Such systems are relatively easy to use, extensible, and supportable through
industry upgrades and support, and so, cost effective, reliable and quickly operational.

                                                                
6 AutoCAD is a commercial product for design and drafting.
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ABSTRACT

Telemetry support has been a component of the instrumentation test support structure at
Kwajalein Missile Range (KMR) for nearly 40 years.  From a limited initial suite of manually
pointed telemetry antennas, the Range has grown to include nine tracking antennas and four
fixed receiving antennas.  This paper describes the current modernization program at KMR that
will include nine new telemetry trackers and five fixed antennas that will be networked and
controlled via fiber optic links from a newly established telemetry control center on the island of
Kwajalein.  These upgrades will reduce operational cost and institute efficiencies, while
continuing to meet  Range Users’ growing requirements.
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INTRODUCTION

The Kwajalein Missile Range (KMR) is located in the Marshall Islands, approximately 2300
miles southwest of Hawaii.  Located approximately 500 miles north of the equator in the mid
Pacific, KMR’s location is ideal for supporting all aspects of space, strategic, theater and
national missile testing.  To enhance its mission support capability KMR has embarked on a
modernization program [1] in which much of the Range instrumentation will be upgraded.
Sensors are being configured to incorporate common architectures, where practical, resulting in
common parts sparing, and reduced maintenance staffing.  The new architecture also supports a
high degree of automation, enabling instrumentation to be monitored and operated remotely.
Sensor control and execution of missions will be from a central location, the Mission Control
Center on Kwajalein. The primary objective of this modernization program is to reduce operating
cost while continuing to meet Range  Users’ 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. The major benefits to KMR are improved



efficiency and reduced cost of operation.  High maintenance unique components will be replaced with
commercial-off-the-shelf (COTS) equipment.  This paper focuses on the modernization of the KMR telemetry
assets.

As shown in Figure I KMR telemetry assets now include nine tracking antennas and four fixed antennas
currently distributed over four islands in the Kwajalein Atoll.  Supporting personnel are shuttled daily to their
work sites by air and sea.  Fixed wing aircraft and helicopters are used to transport personnel to and from their
work site.  Reconfiguring telemetry assets in preparation for a particular mission routinely requires moving
components from site to site by air or sea.

Figure 1. Pre-modernization Telemetry Instrumentation at KMR



KMR LEGACY TELEMETRY SYSTEMS

Telemetry support at the Kwajalein Missile Range spans a period of nearly 40 years.  The first
TM systems at Kwajalein were trailer-housed and arrived at the Navy’s Pacific Missile Range
Facility (PMRF)-Kwajalein in late 1961.  The arrival of these assets was just in time to support
the first Nike-Zeus launch from Kwajalein.  Although initially installed on Kwajalein, these
receiving and recording vans (with their manually positioned antennas) were subsequently
moved to the island of Carlos, approximately 10 miles from Kwajalein, and one three-channel
monopulse auto-tracking TM antenna was purchased and installed on a tower.  The Army
assumed command responsibility from the Navy in 1964 and four new auto-tracking antennas
were purchased and installed in 1965-1966.  A building was constructed to house the equipment
relocated from the two vans and for the antenna tracking consoles plus other new equipment.
Following the loss of the TM P-Band in the early 1970s, the four trackers were upgraded with
single-channel monopulse S-Band tracking systems, which included polarization diversity
tracking and data reception.   These systems provided tracking, receiving, and recording for
Anti-Ballistic Missile launches from Kwajalein (Nike-Zeus, Spartan) and Meck Island (Spartan,
Sprint) as well as tests of ICBM Research and Development of nose cone materials and
Operational Test and Evaluation (OT & E) of operational weapons systems.

During the next 15 years, two additional antennas were installed on Carlos, a tracker and fixed
antenna were installed on Gagan, two tracking systems were emplaced on Roi-Namur and a
fixed Post Impact receiving antenna and re-radiation system were installed on Illeginni.  The
relocation of telemetry assets from the west reef (Carlos) to the east reef (Gagan and Roi-Namur)
reflected the movement of RV impact areas from the Kwajalein lagoon and near atoll areas to the
Broad Ocean Area off the atoll’s east reef and the need to collect telemetry data after impact of
both MMIII and Peacekeeper reentry vehicles.  Originally installed to support over land warhead
fusing and impacts of MMIII reentry vehicles, the Illeginni re-radiation system subsequently
supported fusing and impacts of the Peacekeeper MK-21 reentry vehicle.

Following the completion of ABM testing on Meck Island in the mid-1970s, KMR telemetry
supported technology tests flown from both Vandenberg AFB and Roi-Namur.  Subsequently,
following the reactivation of Meck Island to support Strategic Defense Initiative Organization
(SDIO), Meck Island became the launch site for HOE, ERIS and EKV vehicles.  In the late
1970s, some minor modifications were made to the front ends of the tracking systems, and
limited enhancements were introduced to the data processing capability at Carlos.

Throughout that period, KMR’s primary data product was wide bandwidth analog tape
recordings and paper strip charts.  The advent of the Global Positioning System (GPS) satellite
constellation resulted in the installation of a GPS Translator Processing System in late 1989 to
support the ERIS program intercepts of target warheads.  Upgraded to a Translated GPS Range
System (TGRS) recently, interceptor and target vehicle locations are now available with
excellent accuracy.  The desire to offer the range customers real time data messaging, digital data
recording, data processing and data transmission to CONUS, coupled with the increasing
budgetary need to reduce operational cost and institute efficiencies wherever possible, led to the
telemetry portion of the KMR Modernization and Remoting project.  The various components of
this project are described below.



MODERNIZED TELEMETRY

A major goal of telemetry modernization at KMR is to relocate and consolidate telemetry assets
from the outer islands to the islands of Kwajalein and Roi-Namur, the major population centers
of the Kwajalein Missile Range. This plan will reduce the facility support cost and optimize the
requirements for personnel transportation across the atoll.  The overall effort is carried out in
three phases.  During the first phase nearly 75% of the Roi-Namur modernization will be
completed and the operation of legacy telemetry assets on Gagan Island will be remoted to
Kwajalein via fiber optics.  In the second phase, modernization of the Roi-Namur telemetry site
will be completed and nearly 40 percent of the Kwajalein telemetry site will be modernized.
During the third and final phase, the modernization of the Kwajalein telemetry site will be
completed and the operation of the Illeginni post impact system will be remoted, via fiber, to
Roi-Namur.  All threemodernization phases will be carried out while maintaining telemetry
support to the Range’s customers.  At the end of this effort KMR telemetry will consist of five
tracking antennas on Kwajalein and four on Roi-Namur.  Detailed descriptions of the
modernization tasks at each site are given below.

Kwajalein Telemetry
The new Kwajalein Telemetry station will consist of three fixed and two mobile telemetry
antennas, and a new telemetry control facility called the Kwajalein Telemetry Center (KTC).
The new Kwajalein antennas replace five of six antennas presently located on Ennylabegan
(Carlos).  When completed, the new Kwajalein TM site will include one fixed 7-meter antenna,
one fixed 5-meter antenna, one fixed 3.1-meter antenna and two mobile 3.1-meter antennas.  The
two mobile 3.1-meter antennas will initially be sited near the three fixed antennas and interfaced
to the KTC (See Figure 2).  Plans for a mobile ground station are currently under development to
support deployment of the two mobile systems to remote geographic locations not supportable
by KMR’s fixed telemetry assets.

Figure 2.   Final Kwajalein Telemetry Antenna Configuration
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The preparation of the Kwajalein TM site is progressing well and on schedule. This effort is
conducted in two phases.  In phase I, two new telemetry antennas will be installed.  These
systems are currently on order and are expected to be delivered, installed, and become
operational in December 2001.  The first antenna is a 5-meter tracking antenna that will be
installed on the northeast corner of Launch Hill as shown in the lower left hand corner of the
photograph in Figure 2.  The second antenna is a 7-meter tracking antenna to be located on the
former FPQ-19 C-band radar mount.  A second 7-meter antenna is also being procured in phase I
to replace the existing 5.5-meter antenna on Roi-Namur.  A limited amount of equipment will be
relocated from the Carlos site to the Kwajalein site to support phase I of KTC Initial Operational
Capability (IOC). Site installation and integration of these three antenna systems and the Carlos
equipment is scheduled for completion near the end of this calendar year.  Completion of the
second and final phase of Kwajalein Telemetry Modernization includes procurement of the final
three Kwajalein systems (one fixed and two mobile 3.1-meter systems) and will be accomplished
during the last quarter of calendar year 2001.  The installation of these systems is currently
scheduled for 4QFY02.  Figure 2 depicts the final configuration of the Kwajalein telemetry
antenna site.

When the new Kwajalein Telemetry site is completed, the five new antennas and their associated
tracking receivers and antenna control units (ACUs) will be located on Launch Hill. The antenna
RF outputs will be connected to multicouplers and receiver/combiner sets in the KTC via a
wideband fiber optic network.  Gagan PITS [2] RF data will also be connected to the KTC via
wideband fiber optics, and PITS system operation will be fully integrated into the KTC
operation.  Pre-mission calibration and maintenance activities will be performed by remotely
operating the antennas from the KTC using a remotely configured ACU.  Control of data
receivers/combiners and digital recorders in the KTC will be accomplished via a central control
computer.  The Gagan PITS system will also be automatically controlled via computer, with the
exception of analog magnetic tape recorders operation.

During phase two of the TM modernization effort, other new systems will be relocated to KTC
and Roi-Namur.  Two recently procured systems, the TGRS, comprised of four independent GPS
tracking systems, and the Telemetry Bit Stream Processor (TBSP) decommutation systems,
comprised of four PCM decommutation units with 4 bit stream capability, will be relocated from
Carlos.

The TGRS is a common range system used in conjunction with a vehicle-based ballistic missile
translator (BMT) and/or digital GPS translator (DGT) that provide very accurate position and
velocity information from interceptor and target vehicles in real time.  KMR telemetry systems
will include two TGRS units on Roi-Namur and two on Kwajalein.  These units are easily moved
and can be all installed at Kwajalein or elsewhere on the range wherever there is a TM tracking
system available.

The TBSP is a highly versatile PC based decommutation systems with integral bit synchronizers
and high capacity disc drives for data storage.  Current systems can receive and decommutate
four independent PCM data streams at up to 20 Mbps NRZL each, with individual stream
capacity of 30 Mbps.  Two TBSP systems will be installed at Roi-Namur and two at KTC,



providing a total recording capability of eights 20 Mbps data streams at each of the two telemetry
sites.  Both TGRS and TBSP systems provide a variety of displays for Range User viewing in
real time and post mission.  The TBSP systems can provide recorded data on tape or compact
disc.

A separate Silicon Graphics computer will also be located in the KTC.  This computer will be
connected to an atoll-wide Ethernet sensor network and will provide the interface between the
nine antennas and the Kwajalein Mission Control Center (KMCC).  Specifically, this computer
will (1) receive state vector designate data from the KMCC, (2) select the telemetry specific state
vectors appropriate for each mission and (3) output Ethernet messages to each antenna’s ACU
containing its own state vector designate information.  Each ACU will then coordinate transform
the state vector into the azimuth and elevation pointing angles needed to designate (“slave”) each
antenna.  The ACUs will output Ethernet status messages at a 10 Hz rate to the Silicon Graphics
computer, which will receive and store the data for later retrieval, formatting and printout as an
antenna tabulation post mission data product.  Since the Silicon Graphics computer is connected
to an atoll-wide sensor network, it will be capable of receiving and logging antenna status data
from the antennas on Roi-Namur as well as on Kwajalein.  As such, it will be capable of
producing antenna tabulation reports for any or all of the KMR telemetry antennas.

Initially, a dedicated operator on Launch Hill will operate each antenna.  Subsequently,
engineering tests will be conducted using antennas (not committed to mission support) that are
controlled remotely from KTC to shadow track targets with personnel closely monitoring system
performance at the local ACUs.  After validating the automation concept from KTC, more and
more mission support will then be performed in the automated and remote mode.

Roi-Namur Telemetry
At the completion of the Telemetry KMAR project, the Roi-Namur Telemetry site will consist of
four new telemetry antennas and a consolidated control center.  The new Roi-Namur antennas
will consist of two 3.1-meter antennas, one 5-meter antenna and one 7-meter antenna.  Figure 3
displays the final configuration of the Roi-Namur telemetry antenna site.

Figure 3.  Final Roi-Namur Telemetry Antenna Configuration



The Gagan antenna tower was disassembled, completely refurbished, and metallized to increase
its corrosion resistance and repainted.  The restored tower was reassembled in January 2001 in
the location shown in Figure 3.  The Gagan ground station equipment suite, including receivers,
diversity combiners and 14-track analog tape recorders, was relocated from Gagan to the
expanded Roi-Namur Telemetry control center in August and September 2000.

Three new telemetry antennas were procured for the Roi-Namur Telemetry site in April 2000.
One new 5-meter tracking antenna was specified for a new ground location adjacent to the
existing 5.5-meter antenna.  A new 3.1-meter tracking antenna was specified to be installed on
the relocated Gagan tower.  A second, identical 3.1-meter antenna was ordered to replace the
outdated antenna of similar size located on another tower adjacent to the control center building.
These three antennas were delivered to KMR in January 2000 and have been successfully site
integrated and tested.  The fourth Roi-Namur antenna, a 7-meter system, was procured in
December 2000 and will be installed in place of the existing 5.5-meter system to complete the
Roi-Namur Telemetry antenna modernization effort.

When Roi-Namur Telemetry modernization is completed, four new antennas will be installed,
and associated tracking receivers and ACUs will be located in the enlarged Roi-Namur control
center.  Pre-mission calibrations, BER tests and maintenance will initially be performed using
the ACUs located in the Roi-Namur Telemetry building.  Control of data receivers/combiners
and digital recorders in the Roi-Namur Telemetry ground station will be accomplished from a
central computer.  Illeginni PITS RF data will be transmitted to Roi-Namur Telemetry via fiber
optics, with data reception and recording integrated into the Roi-Namur Telemetry control
center.

Figure 4.  Installation of new 3.1-meter
antenna on Roi-Namur

Figure 5. Installation of radome over new 5-
meter antenna on Roi-Namur

A Silicon Graphics computer located in the Roi-Namur Telemetry control center, and similar to the one
located on Kwajalein provides comparable directing data to the Roi-Namur TM assets.  Similar to the
computer on Kwajalien, the Roi-Namur computer is connected to an atoll-wide Ethernet sensor
network and provides the interface between the Roi-Namur antennas and the KMCC.  This computer



receives state vector designate data from the KMCC, selects the telemetry specific state vectors
appropriate for each mission and outputs Ethernet messages to each antenna’s ACU containing its own
state vector designate information.  Each ACU then coordinate transforms the state vector into azimuth
and elevation pointing angles needed to designate (“slave”) each antenna.  The ACUs also output
Ethernet status messages at a 10 Hz rate to the Silicon Graphics computer, which then receive and store
the data for later retrieval and printout as a post mission data product.  Provision has been made for the
capability to fully remote the Roi-Namur telemetry site from the KTC via T1 communication data
circuits.  The capability to access and control this site computer from the KTC has also been provided
and demonstrated, allowing the production of post mission Roi-Namur data products such as antenna
tabulations from the KTC.  The capability to remotely operate any of the Roi-Namur antennas from
Kwajalein using a remote ACU connected to the sensor network has also been demonstrated.

Gagan Telemetry
The functionality of the Gagan tracking telemetry system has been relocated to Roi-Namur.  The Post
Impact Telemetry System (PITS), however, remains in place. The operation of PITS is remoted to KTC
on Kwajalein via fiber optics [2].  The fixed disc-on-rod antennas of this system are equipped with
azimuth rotators that can be controlled remotely by the operators via desktop computer.  The same
computer is used to remotely calibrate the antennas, measure the noise floor level, and set up the
receivers.  The RF signals received by all three antennas are multiplexed on fiber and transmitted to
KTC for processing and recording.  A fourth fixed antenna is also being added to the existing three.

FUTURE PLANS

When completed in FY02 the current modernization program for KMR telemetry will provide all new
antenna systems with full remote operational capability of all telemetry resources on the islands of Roi-
Namur and Kwajalein. Operational Tests and Evaluation (OT&E) flights of both the MMIII and
Peacekeeper ICBM are fully supportable with the modernized systems without additional equipment
upgrades.  Future support of National Missile Defense (NMD) and Theater Missile Defense (TMD)
missions will include upgrade of existing wide-band analog data recorders with high bit rate digital
recorders in quantity.

Enhanced satellite data bandwidths will allow increased use of real time data relay from the interceptor
and target vehicles to Range Users located at CONUS locations.  Hard data products such as analog
tapes and paper strip charts will be replaced with digital data products. Real time or post mission full
bit rate data transmission to Hawaii and CONUS should be possible by FY04 or FY05.  It should be
noted here that, although limited, some data transmission bandwidth is currently available.  Coincident
with the reception and digital recording of high bit rate (20 Mbps and above) PCM data is a planned 3-
D data display that will provide observers with visual indications of missile fly-out and warhead
interception.  Current plans will provide displays of two interceptors vs. two targets with expansion
capabilities that could display four interceptors vs. four targets engagement scenarios.

Another important part of the modernization of KMR telemetry systems is the continuing efforts to
provide diverse Range Users with mobile/transportable TM tracking and data collection systems.  The
two mobile trackers purchased in FY02 will be incorporated into a totally transportable suite that



includes wideband receivers, high bit rate digital recorders, data transmission systems, and real time
data displays.  The final number of mobile/transportable systems to be procured will be based on future
year’s requirements for TMD and NMD scenarios that include intercepts beyond KMR’s RF horizon.
Mobile systems transported to Wake Island, Johnston Island, Midway Island, or other remote locations
by aircraft or ship will provide TM data collection, transmission and display for various users at
reasonable cost.

As future mission load dictates, KMR plans to incorporate an extensive switching capability in the
KMR Telemetry Center that will allow remote set-up, test and operations of the complete TM Center
from locations in Hawaii or CONUS.  The relocation of all TM resources except tracking antennas and
wideband fiber optics data transmission systems from Roi-Namur to Kwajalein will allow a significant
reduction in site personnel at Roi-Namur and provide increased flexibility associated with the expanded
equipment suite at KTC.  Cost savings associated with remote testing and operating should be
significant.

SUMMARY

This paper has described the main features of the KMR Telemetry Modernization and Remoting
program.  The consolidation, commonality and maintainability of the telemetry systems achieved from
KMAR will permit containment of KMR costs in the current and anticipated future austere budget
environment.  Although motivated from the point of view of achieving a dramatic reduction in the cost
of operating and maintaining the Range telemetry sensors, the modernization is bringing major benefits
to the user community.  Among these benefits is mobile telemetry support, digital recording of the post-
detected data, real time decommutation of the data streams thus allowing for real time metric tracking
solutions,  real time telemetry messaging around the atoll, and faster data reduction. In addition, the
modern systems will have much greater flexibility to respond to new requirements.
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Abstract

The expectation-maximization (EM) algorithm is well established as a computationally efficient
method for separable signal parameter estimation.  Here, a new geometric derivation and
interpretation of the EM algorithm is given that facilitates the understanding of its convergence
properties.  Geometric considerations then lead to an alternative separable signal parameter estimator
based on successive cancellation.  The new Generalized Successive Interference Cancellation
(GSIC) algorithm may offer better performance than EM in the presence of large signal power
disparities.  Finally, application of the GSIC algorithm to CDMA-based radiolocation is discussed,
and simulation results are presented.

Key Words

Expectation-maximization, separable signals, radiolocation, CDMA.

Introduction

The problem of parameter estimation for separable signals is encountered in a wide range of array
signal processing, sonar, radio, and communications applications.  Most such problems can be posed
using the following measurement model.  Let

r = s
k
(θ

k
)

k =1

K

∑ + n (1)

where r  ∈ CN is the measurement vector, and n ∈ CN
 is circular white Gaussian noise with

covariance matrix σn
2I.  For example, in direction-of-arrival estimation, sk(θk) = ak(φk)sk, where

ak(φk) is the steering vector for the k-th incoming signal, φk is its direction of arrival, and sk  is its
amplitude [Sch86],[MiF90].  In code-division multiple access (CDMA) systems, θk is a mixture of

                                                
1 This work was supported in part by DARPA Grant No. MDA972-00-1-0036 and by a grant from the
International Foundation for Telemetering.



linear and nonlinear parameters corresponding to unknown time-of-arrival, user data, and channel
fading coefficients.  The CDMA model will be considered in detail in the sequel.

The maximum-likelihood solution for the parameters θk, under the additive Gaussian noise
assumption,  corresponds to minimization of the L2 norm as follows.

θML = arg
min

θ
r − s(θ)

2
,    s(θ) = s

k (θk )
k =1

K

∑ , (2)

where θ = [θ1
T ,...,θΚ

Τ]Τ.  The ML solution, despite its apparent simplicity, may be intractable when
θk is a mixture of linear and nonlinear parameters.  Even if θk is a single nonlinear parameter
discretized to Q values, the ML solution has complexity O(Qk).  However, if the minimization in (2)
can be carried out independently over the θk, then the complexity is obviously only O(KQ).  A vast
signal processing literature exists on the approximation of the optimum ML solution in (1) by
iterative, separable solutions over the individual parameters.  For example, in array processing, the
MUSIC algorithm [Sch86] uses second-order statistics of r  to find the noise subspace, and then
exploits the orthogonality of this subspace to the individual  vectors sk(θk).  Alternating
maximization [ZiW88] is an iterative algorithm that approximates θML, in which the θk are
sequentially updated, with “undesired” signals projected out.  AM is notable, in that the true
likelihood is a non-decreasing function of the estimates θi thus generated.  The EM algorithm
[DLR77] was subsequently used for array direction-of-arrival estimation in [MiF90].  As in
alternating-maximization, expectation-maximization leads to a non-decreasing likelihood.  More
recently, EM was applied to the problems of CDMA joint code delay and multipath estimation in
[FaA95],[LoC00],[IKT00].

Geometric Interpretation of the EM Algorithm for Separable Signals I

The original development of the EM algorithm  and convergence proofs for the separable signal
problem are based on statistical arguments [DLR77],[FeW88],[FeH94].  Following [FeW88],
construct a set of hidden data which is not available, but permits an approximate separable solution
to (1).  Specifically, define

r
k

= s
k (θk ) + n

k ,    r = rk
k =1

K

∑ .  (3)

for k = 1,...K.  The noise vectors nk  are independent circular Gaussian, with covariance
matrices βkσn

2I, where {βk} is a probability vector.  The EM algorithm is expressed as follows
[FeW88].

θi +1 = arg
max

θ
E log p({rk } | θ) | r ,θi{ }= arg

max

θ
Q(θ | θi ). (4)

 
Evaluation of the log-likelihood and expectations following [DLR77],[FeW88] shows that the
maximization (3) is now separable, with



[ ] 21 )()()(
min

arg i
k

i
kkkk

k

i
k θβθθ

θ
θ srss −−−=+ (5)

A straightforward application of Jensen’s inequality reveals that if Q(θi+1|θi) � Q(θi|θi), then p(r|θi+1)
� p(r|θi) [DLR77],[FeW88].  Hence maximization of Q(θ|θi) leads to a non-decreasing likelihood
function.  Furthermore, a second Jensen’s inequality argument shows that the maximum-likelihood
solution θML is a stable point of EM.  Thus, although global convergence cannot be guaranteed,
except in the case of linear parameters, the EM algorithm will converge to the ML solution provided
initialization is sufficiently “close” to θML, as proven in [FeH94].

In order to obtain an intuitive understanding of the EM algorithm for separable
signals, an alternative geometric derivation of the recursion (4) is now developed.  We seek an
algorithm θi+1 = A(θi) such that

.)()( 1 ii θθ srsr −≤− + (6)

The following Lemma leads to the geometric derivation of EM for separable signals.

Lemma 1:  Let ||r – s(θ)|| represent the L2 norm of the estimation error for the separable signal

problem, where s (θ) = s l (θl )
l= 1

K

∑ .  The norm is upper bounded as follows, for any probability vector

{β l} and any choice of θi.

.)()()]([)(
1

11 ∑
=

++ −+−≤−
K

l

i
ll

i
ll

i
l

i θθθβθ sssrsr

Proof:  Rewrite the L2 norm (which is a monotonic function of the log likelihood) as

( )∑
=

++ −+−=−
K

l

i
ll

i
ll

i
l

i

1

11 )()()]([)( θθθβθ sssrsr , (7)

where β l $ 0, 11 Τβ  = 1.  Lemma (1) then follows directly from the triangle inequality applied to each
summand in (7).

 Next, we claim that the following update results in a non-increasing norm for
 ||r – s(θi)||.

,,...,2,1 ,)()()]([
min

arg1 Klll
i
ll

i
l

l

i
l =−+−=+ θθθβ

θ
θ sssr (8)

which is precisely the EM algorithm for separable signals.  To prove this, use the algorithm in (8)
and Lemma 1 to show that



βl [r − s(θi )] + s l (θl
i ) − s l (θl

i + 1 ) ≤ βl [r − s(θi )] + s l (θl
i ) − s l (θl

i ) = βl [r − s(θi )]

⇒ r − s(θi +1 ) ≤ β
l
[r − s(θi )]

l =1

K

∑ = r − s (θi ) .
(9)

Thus, the EM algorithm has been derived from purely geometric considerations, by minimizing the
triangle inequality upper bound on the likelihood in Lemma 1.

As shown in [DLR77], the ML solution is always a stable point of the EM algorithm.  A
direct geometric proof of this result for the separable signal problem can be likewise obtained.   The
proof is via contradiction – assume that θML is not a stable point, then Q(θ|θML) > Q(θML|θML)  for
some θ � θML. Thus, evaluation of Q(θ|θML) shows that if Q(θ|θML) > Q(θML|θML), equivalently

1

β
k

s k (θk
ML ) − s k (θk ) + βk r − s (θML )[ ]2

k =1

K

∑ < 1

β
kk =1

K

∑ s k (θk
ML ) − s k (θk

ML ) + βk r − s(θML )[ ]2

                                             = r − s(θML )
2

(10)

for some θ � θML.  Manipulation of the l.h.s. of (10), followed by application of the triangle
inequality yields

s k (θk
ML ) − s k (θk ) + βk r − s(θML )[ ] = (r − s (θ

( k )

ML ,θk )) − (r − s(θML )) + βk r − s (θML )[ ]
≥ r − s(θ

( k )

ML ,θk ) − (1 − βk ) r − s (θML )[ ]
≥ β

k
r − s (θML )[ ] ≥ 0.

(11)

where  s (θ( k )

ML ,θk ) = s l (θl

ML )
l ≠k
∑ + s k (θk ) .  Thus,

1

β
k

s
k
(θ

k

ML ) − s
k
(θ

k
) + β

k
r − s (θML )[ ] 2

k =1

K

∑ ≥ β
k

k =1

K

∑ r − s(θML )
2

= r − s(θML )
2

(12)

 
which directly contradicts (10).

Geometric Interpretation of the EM Algorithm for Separable Signals II

The  EM algorithm has been derived by minimizing the triangle inequality upper bound (Lemma 1)
for the L2 norm of the estimation error.  The minimization in (7) leads to an alternative
interpretation.  Define the descent increment for signal l at iteration i+1 as
∆ l

i +1 = s l (θl

i+1
) − s l (θl

i
) .  The EM algorithm can then be interpreted as minimizing



∆ l

i +1 = arg
min

∆ l

∆ l − βl [r − s (θi
)] ,  l = 1,2,..., K ,  s.t.   ∆ l = s l (θl ) − s l (θl

i
).  (13)

That is, the EM algorithm tries to find a set of increments, each of which is proportional to the
fraction β l of the error vector [r – s(θi)].  For example, if the probability vector β  = (1/K)1, the EM
algorithm weighs each signal equally, in trying to match the sum of the increments ∆l

1 = sl(θl
1) to the

error vector.  The procedure is shown graphically in Figure 1 for the case K = 3.

r

s (θ
i
)

r − s (θ i
)

∆1

i +1

∆ 2

i+1

∆3

i +1

Figure 1: Matching Search Increments to the Error Vector – EM Algorithm

The choice of β  is arbitrary.  For example, if β1 = 1, and s(θ0) = 0 is a feasible initialization,
then the EM algorithm will attempt to find the single vector s1(θ1) that minimizes ||r - s1(θ1)||.  In this
case, the algorithm terminates in one step, and θ1

1 = arg min θ
 ||r – s1(θ1)|| is a stable point.

Obviously, this choice of initialization and β  is undesirable, unless it is known that only signal s1(θ1)
predominates. For the choice β l = 1/K, it is clear that the EM algorithm takes a conservative
approach to “minimizing the gap” between r  and s(θi) on iteration i+1, by trying to use all signals
equally to make up the total remaining error vector.

Generalized Successive Interference Cancellation Algorithm

When all signals have equal energy, and approximately the same degrees of freedom, then
the EM strategy as shown in Figure 1 is a sensible way to minimize the error norm, while hopefully
avoiding local minima.  In fact, when the signals are linear in θ, that is sk(θk) = Sθk, then the
resulting EM algorithm always converges to the minimum-norm solution [FeH94].  However, in the
nonlinear case, there is again no guarantee of global convergence, unless initialization is suitably
close to θML.  In many communications applications, a substantial disparity in signal energy may
exist, as in CDMA systems without power control.  For example, in the radiolocation application
discussed in the next section, a master node transmits request-to-send signals to multiple reference
nodes (RTS), and round-trip travel time is used to determine range and position.  Since the reference
nodes are likely to be at varying distances from the master, and power control is infeasible due to the
short packet length, large signal power variations are quite likely and should be exploited.  It would
make sense in the EM algorithm to then allocate the largest value of β l to the signal sl(θl) with the
largest power, to obtain the most rapid decrease in the error norm.  However, the signal energy is



rarely known a-priori, hence we propose an alternative GSIC algorithm for sequentially minimizing
the error, in a manner which is efficient for large signal power disparities.

The GSIC algorithm is stated as follows for the first step.  Let pi, i = 1,2,...K represent a
permutation of the indices {1,2,...K}.  Then

p
1 = arg

min

k

min

θk

r − s k
(θk

)
2 

 
 

 
 
 
,   ˆ θ p1

= arg
min

θp1

r − s p1
(θp 1

)
2

(14)

That is, the first step of GSIC finds the vector sk(θk) which lies closest to r, over all choices of θk.
Again, this step would be identical to a “clairvoyant” EM algorithm, which assigns βk

 = 1 to the
vector which achieves the minimum error norm over all θk. The GSIC algorithm is defined in Table
1 for successive steps.

For k = 1,2,....K
        Form the cancelled signal

              r k = r − s
p l

( ˆ θ 
pl

)
l = 1

k − 1

∑
        Find pk

               p
k = arg

min

l ≠ p1 , p2 ,..., pk −1

min

θl

r
k − s l

(θl
)

2 
 
 

 
 
 

        Save pk-th parameter estimate (computed from previous step.)

               ˆ θ p k
= arg

min

θp k

r
k − s pk

(θp k
)

2

Next k

         Table 1 – GSIC Algorithm for Separable Signals.

The GSIC algorithm is an “aggressive” or “greedy” approach to minimizing the error norm
compared with EM for βk = 1/K.  At every step, GSIC tries to find a single signal and its parameter
estimate that leads to the largest reduction in the error vector  L2 norm.  Intuitively, GSIC should
perform well when one signal predominates over all others.

The following proposition states that GSIC results in a non-decreasing likelihood, so
long as as  each signal vector satisfies sk(θκ

0) = 0 for some θκ
0. Note that this is a mild constraint – in

array processing and communications, θκ generally includes a linear parameter (e.g. signal
amplitude, multipath) which is unconstrained, hence sk(θκ

0) = 0 is readily satisfied.

Proposition:  Assume that a point θ0 exists such that sk(θκ
0) = 0 for k = 1,...,K. The sequence of

estimates in the GSIC algorithm (Table 1) results in a non-increasing error norm, such that

2
1

2

)ˆ()ˆ( −−≤− kk θθ srsr  

where the estimated signal at iteration k is



s (θk ) = s
p l

( ˆ θ 
p l

)
l = 1

k

∑
Proof:  From the construction of the GSIC algorithm, we have

21222
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pp
kk

kk
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Again, note that the above equation hinges on sk(θk
0) = 0 being a valid signal vector.

Application to CDMA-Based Radiolocation

The application of GSIC to CDMA-based radiolocation is now considered. Following
[IKT00], a a system of master and reference nodes is assumed, in which the references have absolute
or relative positioning information.  The master transmits a RTS packet, and each reference, upon
reception of the RTS, immediately transmits an ACK packet.  All packets are direct-sequence
CDMA waveforms.  Hence, the received continuous-time signal in flat fading at the master node is

r (t ) = a
k
(m )s

k
( t − mT − T

k
)

m = 0

M

∑
k =1

K

∑ + n(t) , (15)

for 0 � t < MT.  The ak(m) are complex variables representing the product of flat fading and data
(navigation message,)  and n(t) is additive white Gaussian noise.  Each DS waveform sk(t) has
duration 0 � t < T s., and Tk is the unknown time-of-arrival.  Following [IKT00], vectors r(n) of
Nyquist samples are formed, defined by

  r (n) = [r (((n + 1) N s
− 1)Ts ), r(((n + 1) N s

− 2)Ts ),K,r (nN s Ts )]
T

where Ts is the Nyquist sampling interval, and Ns = T/Ts is the number of samples per symbol
interval. It is readily shown that

r (n) = ak (n − l )
l = 0

1

∑ s k (Tk − lT )
k =1

K

∑ + n (n )

s
k (τ) = [sk (((n + 1) N s

−1)Ts
−τ),s k ((( n + 1)N s

− 2)Ts
− τ),..., sk (nN s Ts

−τ)] T

(16)

Finally, a received signal model of the form of (1) is obtained by stacking the r(n) into a vector of
M+1 symbols.

r = S k (Tk )a k
k =1

K

∑ + n ,            a k = [ak (M ), ak ( M − 1),...,ak (0 )]
T
, (17)

where the block-Toeplitz signal matrix Sk(Tk) is defined by
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Thus, r  is in the form of the separable signal model, with θk = [Tk,ak
T]T , and

sk(θ) = Sk(Tk)ak.  The generic GSIC procedure can now be applied, resulting in the algorithm of
Table 2.

For k = 1,2,....K

           Form the cancelled signal

                     r k = r − S
p l

( ˆ T 
pl

)
l = 1

k − 1

∑ ˆ a 
pl

           Compute the next signal index pk

                       

p
k = arg

max

l

max

T
l

r k H
S l

( T
l
) S l

(T
l
)H S k

(T
l
)[ ]−1

S l
(T

l
)H r k 

 
 

 
 
 

≈ arg
max

l

max

Tl

|| s
l
(T

l
) H r k (n) + s

l
(T

l
− T ) H r k (n +1) ||2

n= 0

M

∑ 
 
 

 
 
 

           Compute the delay  estimate for signal pk
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=
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           Compute the amplitude  estimates for signal pk
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         Table 2 – GSIC Algorithm CDMA Delay Estimation.

 Results

The GSIC algorithm was simulated for the radiolocation problem under the following conditions.
The waveforms sk(t) were 31 chip Gold sequences, with nominal SNR of Eb/N0 = 10 dB.  The delays



{Tk} were chosen randomly in [0,T) for each user and on each simulation run.  For user k, ρk is the
power relative to 10 dB Eb/N0.  Hence, if ρk = 10, user k has an effective SNR of 20 dB.  An

ensemble average timing error is defined by ek =
1

R
ˆ T k

r − Tk
r=1

R

∑ .  The variable αk is the percentage of

runs for which the instantaneous timing error was less than one chip. Table 3 shows results for K = 5
users averaged over R = 50 runs.  The matched filter results correspond to the algorithm of Table 2,
with rk = r  for each step (no successive cancellation.)  Clearly, the GSIC algorithm far outperforms
a conventional matched filter for delay estimation.  Although the two stronger users are acquired
with 100% probability by the matched filter, acquisition probability drops to 25% or less for the
weaker users.  In contrast, acquisition probability is a minimum of 98% for GSIC.

   ρk
 1   1   1   10   10  

 e
k  

. 066   .062   . 6 8  . 6 8  .066  

 αk
 1   1   . 9 8  . 9 8  1  

GSIC Results

   ρk
 1   1 0   1   1 0   1  

 e
k  

7 . 4   . 0 6 6   8 . 8 5   . 0 6 2   7 . 0 5  

 αk
 . 4   1   . 2 6   1   . 2 4  

Matched Filter Results

Table 3.  GSIC simulation results for five users

Table 4 shows corresponding results for K = 10 users, again using Eb/N0 = 10 dB, and 31 chip
Gold sequences.  Averaging was performed over R = 25 simulation runs.

   ρk
 1 0   1   1 0   1   1 0  

 e
k 

. 0 6 9   2 . 1 8      3 . 6 1      . 0 6        . 0 7  

 αk
 1   . 8 8   1   1   1  

   ρk
 1   10   1   10  1  

 e
k  

. 499   1 .30      1 . 5 9    .065        3 . 5 5 

 αk
 . 9 6  . 9 6  . 9 2  1   .8 

Table 4.  GSIC simulation results for ten users.

At first, the estimation errors for the K = 10 user case appear large. However, note that the weaker
users nevertheless had acquisition probabilities of 80% or greater, and the stronger users were
acquired with nearly 100% probability.



Conclusions

The EM algorithm for separable signals was rederived based on geometric considerations.  It was
shown that EM corresponds to minimization of a triangle inequality upper bound on the estimation
error.  Based on  the error vector minimization interpretation, an alternative GSIC algorithm was
developed which may offer better performance when large power differences exist between users.
Preliminary simulation results for GSIC for CDMA delay estimation demonstrate far superior
performance to matched filter acquisition.  Future results will include comparisons between EM, true
maximum likelihood, and GSIC, as well as an extension to frequency-selective channels.
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AUTOMATED TESTING OF THE ADVANCED DATA
ACQUISITION AND PROCESSING SYSTEM

James K. Heywood
Tybrin, Inc.

ABSTRACT

Software and techniques are described for testing the Advanced Data Acquisition and
Processing System (ADAPS), the primary flight test telemetry system used at Edwards
AFB, California. The software described acts as an additional simulation capability and
moves the simulation definition process into a realm where data is formed by means of a
high-order language. The potential for creation of more sophisticated simulated test data is
thus enabled. Extension of the techniques described in this paper to applications other than
testing is discussed.

KEY WORDS

ADAPS, simulation, software, testing.

INTRODUCTION

The Advanced Data Acquisition and Processing System (ADAPS) has been used
operationally at Edwards AFB as the prime flight test telemetry system for the past 3
years. During this time ADAPS has acquired such high profile customers as the F-22, F-
16, F-15, B-2, B-1, and JSF test programs. While the system has reached a certain stage
of maturity, periodic testing must be performed as new hardware and software are added
and occasional problems are uncovered during operation. The nature of the customer base
served and the occasional slips in delivery of needed system modifications motivate the
search for ways to perform system testing in as accurately and expeditiously a means as
possible. This paper describes efforts to streamline the testing process while at the same
time adding rigor to the test. Use of automation techniques to leverage the testing process
is described.



BODY

A general description of ADAPS is in order at the outset of this discussion lest the reader
be misled into the notion that means have been found for the system to monitor by itself its
own health and status and report with perfect clarity problems that might be besetting it.
Such is not the case, whatever the title of this paper seems to imply. There is no switch,
hardware or otherwise, which can be thrown to initiate an exhaustive self-check of the
system. ADAPS is a system of diverse networks, workstations, and recording devices
which are operated in an asynchronous hands-on manner during the performance of a test
mission. Typical mission use of the system involves dozens of test engineers engaged in a
great deal of manual interaction between man and machine. Because the system is used in
that fashion, testing has to be performed in that fashion as well. That implies a labor-
intensive process to exercise all options that can be selected by manual action. That mode
of testing will always be necessary. That having been said, some steps have been taken to
streamline the process.

Figure 1 details the basic elements of the system. ADAPS  is released in two forms: (1)  an
operational form, and (2) a mission preparation form. Capabilities of the two versions
overlap, so that testing of manual interaction can be accomplished in a 'Mission Prep'
environment, which does not require the use of the extended system. A single remote
workstation is involved. When testing transitions to the full system, command sequences
normally entered by hand are defined as function keys. Views have been defined which
monitor input data and automatically record data for validation purposes. Other measures
are undoubtedly available for streamlining the manual testing processes and will be
explored and incorporated as the test process evolves. The thrust of this paper, however,
is directed less at the manual process of testing, but rather at those elements that lend
themselves more naturally to the process of automation. These elements are those of data
generation and analysis. Components providing these functions are indicated in Figure 1.
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Figure 1: Simplified diagram of the ADAPS RT/PFP system.



Test data generation is normally the domain of a hardware simulator. The simulation
function exists typically at the system boundary. In the case of ADAPS it resides in the
form of a hardware simulator housed with the bit synchronizer. The hardware simulator on
ADAPS is adequate for the vast majority of test scenarios that the test team creates to
investigate particular problems. The option always exists to swap out hardware simulators
if a particular capability resides on one and not another. There are certain test situations
which have arisen, however, which seem to require capabilities beyond those offered by
hardware simulators available to the test team. A search for other means to provide those
capabilities has lead to the relocation of the simulator function in some instances, as
indicated in Figure 2.

Figure 3 details two techniques which have been devised to use the data processing unit
(DPU) as a simulator. These techniques are examples of moving the simulation function
into the interior of the system. The basic idea is to sacrifice words in a test frame to allow
them to provide data for other words in the frame. Data from the hardware simulator is
ignored. The hardware simulator's role in this scheme is just to act as a clock to trigger the
generation of internal data. Both of the processes diagrammed produce identical results in
the examples shown. One describes accessing data describing an externally mixed sinusoid,
y(t) = 1000sin(2πt) + 200sin(64πt) + 100sin(256πt), the weighted sum of wave forms of
1, 32, and 128 hertz, respectively. The other process performs this mix internally. In the
examples this input function is passed to parameters which filter it to extract the base,
middle, and high frequencies. Results of the tests are shown below in Figures 4 and 5.

Relocation of the Simulation Function

    System Exterior System Interior

 HW Simulator

Figure 2: Relocation of the Simulation Function
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Figure 3: The DPU as a Simulator

Figure 4: Externally mixed sinusoids and filtered output.

Figure 5: Internally mixed sinusoids and filtered output.



Use of the internal mixing option allows the independent examination of the band pass
filter and its performance at band boundaries. Figure 6 shows the results. Changing the
frequency is performed by dynamic compilation and takes only a couple of minutes.

                  

Again it should be emphasized that the two examples above are just examples. The DPU
offers a variety of other computation forms that can be employed in a wide variety of ways
to achieve a given test scenario. The basic principle of this technique remains, however,
and that is the sacrifice of some elements of a test frame to furnish data to others.

The second option relative to simulator relocation, as shown in Figure 2, is that of moving
the function outside of the system (i.e. to relocate it to offline simulators). Figure 1 shows
three natural interfaces to the system and indicates the simulators that have been
developed to service them. The basic principle involved here is that of disturbing the
system under test as little as possible. By introducing test data at natural interfaces no
special software or hardware has to be added to the system. It remains as it would be
when used operationally. The design of the three simulators is identical from a high-level
perspective as shown in Figure 7.
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Figure 6: Manipulation of the middle internally mixed sinusoid; behavior at band edges examined.

Figure 7: Simulation Program Structure



Each of the simulators will be described below along with examples of test output, where
available. Figure 8 indicates the data path serviced by each simulator. As is evidenced by
the diagram, use of the simulators have the added effect of segmenting the test process.
Only a portion of the system is serviced by each, making testing more logistically efficient.
Not all of the system has to be scheduled for all of the testing.
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 Simulator tmstream is just a frame formatter. Its output is a binary file with data
organized as telemetry frames. A real-time data streamer has to be employed to place the
binary data on analog tape as pulse code modulation (PCM) data. Currently this utility
only has the capability to stream a static file repeatedly out to the tape and problems with
cycling through the file are introducing periodic frame loss. Hardware is being procured to
overcome this problem. This simulator shows promise, especially if data rates for output
can be achieved by the new hardware which will approach operational rates. Test output
using the standard sinusoid of earlier examples follows as Figure 9.

   

Figure 8: Data paths serviced by each simulator.

Figure 9: tmstream test output captured as local history
data.



Simlator v_d_sim employs an interface delivered with the preprocessor which allows disk
data to be played back through the DPUs. The intent was undoubtedly to allow recorded
raw data to be played back, perhaps using various processing schemes. The simulator
provides an avenue for manufactured data to undergo the same process. The
decommutator and system utility module (SUM, the clock input) are turned off during the
playback. This simulator has only been checked out on the standalone preprocessor. There
it exhibited the feature of playing back data at several times the real-time rate. Control of
the playback rate is a problem that currently has only been solved with crude means.
Despite this disadvantage, this simulator offers the benefits of a graphical user interface
(GUI) that allows quick requeuing of data. The rapid replay may also be found to be an
advantage as well. No test output from a local storage capture is available at this point.

Simulator ld_sim  has been used to validate processing in the DPU. Data produced by
ld_sim has not undergone DPU processing so any transformations made by the DPU have
to be furnished by the ld_sim model producing the data. This offers an alternate
implementation of a DPU process and can be used to verify the correctness of that
process. This is a standard independent validation and verification (IV&V) technique. It
was used with the filter example we have been employing throughout the paper. The
matching test data below (Figure 10) confirms correct installation of the filter in the DPU.
Simulator l_d_sim joins other simulators available to service the 'Mission Prep' station; it
offers the advantage of being programmable, which allows it greater flexibility in the kind
of data it can produce.

   

Complementing the simulator programs are a set of analysis programs which can be
applied to data captured at the history file and local file interfaces. Those listed in Figure 1
are generic and are available for reprogramming depending on the system feature being
investigated. A simple example of that is the test described in Figure 11, which deals with
the determination of local storage recording rates that can guarantee absence of data loss.
The process is a simple comparison of a known step function with a transmitted one as bit
rates are successively increased. The software notes missing data and then goes through a
resynchronization process to continue the comparison process.

Figure 10: ld_sim output. Matches tmstream output which has undergone  DPU processing.
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CONCLUSIONS

Software simulators offer an interesting alternative to existing hardware simulators for test
purposes. While they do not as yet provide the same data rates as their hardware
counterparts, in test situations which call for a more diverse set of controllable input data
and where the focus is on proving process correctness rather than performance under load,
they might be preferred. Use of the simple standard filter test which was employed for
demonstration in this paper may have masked the fact that models do not necessarily have
to be simple. Access to sophisticated models would make the simulators described here a
link to a whole new realm of realistic test data. Such was the case with a similar system
with which the author had experience at Vandenberg AFB (Figure  12).
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There the models were high-fidelity trajectory simulation programs ranging in size to
200,000 lines of code, typically. Models were of sufficient fidelity that the system shown
here was used to investigate missile system anomalies. Plans for its use as a training tool
were also envisioned. Similar applications could be explored at Edwards AFB.  The

Figure 12: Use of sophisticated models for test data.

Figure 11: Use of automated data analysis software.



development of such models is certainly beyond the capabilities of our small test group.
Still, models may be acquired or at least data from them, and their use is not out of the
question for test purposes if the situation warrants it. For now our models will have to
remain of the complexity of that which produced the following display in Figure 13.  It is
just a simple function traced over and over with a few random numbers thrown in to
produce a small deviation normal to the figure's path. It looks better in color.
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NOMENCLATURE

ADAPS Advanced Data Acquisition and Processing System
DOM Disk Output Module
DPU Data Processing Unit
DTESS Development Test and Evaluation Simulation System
GUI Graphical User Interface
IV&V Independent Validation and Verification
MCR Mission Control Room
MDPS Metric Data Processing System
MP Mission Preparation
PCM Pulse Code Modulation
RTDS Real Time Display System
RT/PFP Real Time/Post Flight Processing
SUM System Utility Module
TIPS Telemetry Integrated Processing System
TM Telemetry
TTDD Tag Tag Data Data; a record format
UMN Universal Memory Network
WS Work Station

Figure 13: The system writes its name.



Accountable Security Architectures
for

Protecting Telemetry Data

Jeffrey R. Kalibjian
CounterSign Software, Inc.

ABSTRACT

Today there are many security solutions available which can facilitate both protection and sharing of
telemetry data. While the technologies behind these solutions are maturing [1] [2] [3], most products
lack a consistent and coherent paradigm for enforcing who is able to access the secured data, what is
done with it, and insuring it can be recovered if the person who secured it is disabled.
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INTRODUCTION

Accountability and security usually go hand in hand. Unfortunately, in the security marketplace today,
there is much more emphasis on protection than controlling and tracking resources that have been
secured. After reviewing the commonly used information security paradigms and the important
accountability concepts of auditing, security policy enforcement, and key recovery, an example will be
given of a security architecture embracing these accountability concepts that might be particularly suited
to protecting telemetry data hosted in an open network environment.

SECURITY STATUS QUO

The information security marketplace is heavily reliant on symmetric key and dual asymmetric key
technologies for securing information. Symmetric key algorithms [4] use the same key to encrypt and
decrypt data; while in dual asymmetric key algorithms [4] when one (of the dual keys) is used to
encrypt, the other can be used to decrypt. Because of the computational complexity of dual asymmetric
key algorithms, the market place has adopted a hybrid approach for securing information. Symmetric
key algorithms are used to bulk encrypt large amounts of data; while dual asymmetric key technology is
used to secure those symmetric keys used for bulk encryption.

In the dual asymmetric key paradigm (otherwise known as Public Key Infrastructure, PKI), one key is
called a private key, while the other is called a public key. As their names imply, the private key is kept
private ----- that is, it is only utilized by the owner; while the public key is made public ----- that is, it is
made freely available to anyone who might wish to securely communicate with the public key owner.
Someone wishing to secure information for a particular individual simply generates a symmetric key,
uses that key to encrypt the message; then encrypts the symmetric key with the recipient’s public key.
The recipient uses his private key to decrypt the symmetric key; then uses the symmetric key to decrypt
the message. Fortunately, users of secure applications rarely have to worry about such low level details



as generating symmetric keys. Modem secure communications protocols like S/MIME [5] and SSL [6]
perform these low level operations transparently.

IDENTITY CRISIS?

There is a problem with the public/private key paradigm. How does one know that a public key really
belongs to an intended recipient? To solve this problem, the user’s public key is typically embedded in
something called a X.509 certificate [7]. The certificate contains a user’s public key and other important
infori-nation about the user, like e-mail address, company name, and serial number. The certificate is
digitally signed (meaning it is cryptographically hashed and the hash result is encrypted with the
signer’s private key). The signed hash is put in the certificate as well, and this is known as a “digital
signature” over the certificate. Thus, anytime a third party wishes to send secure information to a user,
he or she may validate the signature on the certificate, then use the public key in the certificate as
needed.

Certificate signers are known as Certificate Authorities, and they freely distribute their public keys so
users may easily validate certificates they sign. Observe that the method of obtaining the Certificate
Authority’s public key is critical, since it must be implicitly trusted. Certificates can be revoked by
Certificate Authorities by distributing revocation lists, that indicate the serial numbers of certificates
they have signed which are no longer valid.

REALITY CHECK

While the cryptographic foundations for information security are rock solid, as are the actual protocols
used to exchange secure information, the implementation of accountability concepts in software
applications supporting security has been lacking. There are generally four primary accountability
concepts that should be implemented when information is to be secured. The first is audit. Any action
taken with secured information should be documented. The second is security policy definition and
enforcement. Not all individuals have a right to view, use or modify certain types of secured
information. The third is key recovery. No one entity should hold exclusive rights to secured data in a
corporate environment. The fourth is privilege revocation and modification. Changes in security policy
or digital credentials must take effect immediately.

AUDIT

Information audit is fundamental to security practice. Once information is secured, there is an implicit
value being placed on the data being protected. Consequently any subsequent action taken with that
secured data (who decrypts it, who has modified it) must be known. Analogies would be a bank account.
Once an account is opened, detailed records are kept on modifications to the account (deposits,
withdrawals), because the account has value. Another example is phone service, once a phone service
account is opened detailed records are kept regarding use (who is called, who called in, time, location,
etc.).

While there are currently no “official” standards for audit practice in the information security field, there
are rudimentary notions of good procedure which might include noting some of the following when
secure data is accessed:

User Viewing Data
EP Address of User
Date and Time



Application Using Data
Changes to Data

It is important to note that audit must be an integrated part of the security application. That is, auditing
as a service, has little meaning, because the auditing assertions could be false. When the auditing
mechanism is integrated into the application, there can be no dispute that recorded events are actually
occurring.

SECURITY POLICY

Too often security privileges end up being an “all” or “none” situation. In some cases this might be
appropriate (e.g. access to the front door of an office building), and in other cases it might not (e.g.
access to corporate financial information). Generally what one “needs to know” relates to their position
in a company or the project they are working on. Thus, it is important that access privilege to secured
information be implemented in a hierarchical or group mechanism.

Today access control, when implemented, is usually accomplished by creating an access control list for
data. Individuals who have a right to access the data are placed on the list, and the list is always checked
when the data is to be accessed. More sophisticated applications allow definition of hierarchy that might
reflect a company structure (e.g. engineering, executive, finance), then a user is granted access to data
only when his role in the company confirmed.

In all cases the actual identification of the individual is done by evaluation of the user’s X.509
certificate. In fact, the certificate may include entities known as extensions, which might also contain
information about access privilege. However, it should be noted that extensions are somewhat static.
That is, the certificate must be re-created when privileges change; whereas, access control lists are more
dynamic, since they can be quickly changed.

KEY RECOVERY

Since information is vital to the functioning of a company or organization, there must be guarantees that
any company information can be accessed by anyone having the appropriate privilege. Several scenarios
are common:

What happens to data secured by a person who becomes disabled?
What happens to data secured by a person who leaves the company?
What if secured data needs to be examined by law enforcement personnel?
What if data secured by “old” keys needs to be accessed?
What if a person forgets the password protecting their private key?

Typically these problems are addressed by implementing a key recovery strategy. User’s private keys
are archived in a fashion where they can be recovered, by some extreme level of effort, in an emergency
situation. The key concept is “extreme level of effort.” The archiving mechanism must be secure, such
that no one person could initiate the recovery in a rogue fashion and impersonate an individual. Instead,
the recovery process should require the consent of a few people to insure the intent of the recovery is
legitimate.

While key recovery is often thought of a measure “of last resort,” in reality it will probably be used very
often. This is because, typically, Certificate Authorities, recommend that a user get new public/private
key pairs every year. Thus, it is possible over a thirty year career in a company, a user may accumulate



up to thirty key pairs. If a user wishes to access old data that was encrypted several years in the past, he
or she may have to initiate a key recovery process, if they have not carefully maintained their old private
keys.

PRIVILIGE REVOCATION

A very key part of accountability in information security is the ability to quickly modify and enforce
changes in access policy. When an employee’s role in a company changes, those changes need to be
reflected in their access policy immediately. This usually takes the form of a complete revocation of
privilege or some change in the type of data the employee is able to access.

Today complete revocation of privilege usually takes the form of certificate revocation. Certificate
Authorities periodically issue revocation lists which detail serial numbers of certificates that are no
longer valid. Access privileges can be modified by changing group membership or access control lists.
When access information is actually placed as an extension in a X.509 certificate, the certificate must be
modified and re-issued.

AN ACCOUNTABILITY ARCHITECTURE FOR MANAGING TELEMETRY DATA

An accountable and secure architecture for managing telemetry data would contain the following
elements:

PKI technology for authentication and data protection
Central server control of data access and modification
Central server control of certificate issuance/key escrow
Central server control of audit
Central server control of access privilege

Each company program or project producing telemetry would create group access lists. These lists
would indicate user access rights to the secured telemetry data. For instance, mechanical engineers
maybe given access to rate (gyro) or temperature data; while optical engineers maybe only given access
to image data. When the telemetry data was received, it would be secured by the central server. The data
access rights and the (encrypted key) to decrypt the data would also associated with the data.

Engineers wishing to access secured data would first have to present their X.509 certificates to the
central server. After validating the user’s certificate, the central server would check the user’s current
access privileges. If the engineer was on the access list for the data he or she requested, the data would
be returned to the user, along with an ephemeral key to initially decrypt the data. Any time the engineer
wished to access additional data, or even data that he had downloaded to his machine, he would have to
go back to the central server for a re-authentication and a re-evaluation of access privileges. This
approach insures that the central server will have an instantaneous capability to modify access privileges
or revoke access completely, it also insures that a complete audit trail will be in place for who accessed
and modified data.

Observe that the central server concept is in direct contrast to traditional PKI deployments, which are
typically deployed in a de-centralized fashion. That is, privilege revocation can only be accomplished by
a Certificate Authority issuing an incremental certificate revocation list. Since the time between issuance
of revocation lists is out of an organizations control, the ability to instantaneously revoke privilege is
made very difficult. This concept of associating access information with data, along with the key to
decrypt data; but, controlling access of this information through a centralized server was pioneered by



the TriStrata Corporation [8]. Further notice that key recovery is made very simple, by the centralized
server controlling the keys used to secure the telemetry information.

CONCLUSION

While great progress has been made in information security technology, turnkey security applications
typically lack accountability features that are necessary for protection of high sensitivity items like
telemetry data. An architecture was described incorporating the accountability features of audit, key
recovery, access control and instantaneous privilege revocation that would be suitable for protecting a
sensitive telemetry data product in an opened network environment
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ABSTRACT

The objective of any data acquisition system is to make accurate measurements of physical
phenomena. Many of the phenomena to be characterized contain data that is in the audio-frequency
range between 0 and 50,000 Hertz.  Examples include structural vibration, wind-tunnel
measurements, turbine engines and acoustics in air and water. These tests often require a large
number of channels and may be very expensive.  In some cases, there may be only one opportunity
to acquire the data.

This paper describes a testing/measurement philosophy and the use of advances in available
hardware/software systems to implement the requirements.  Primary emphasis is on robustness
(assurance that critical data is properly recorded), measurement/characterization of unexpected
results (generated by accidents or unexpected behavior), and test safety (for both the test article and
the facility).

Finally, a data acquisition system that encompasses the features discussed is described.

KEY WORDS
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RECENT DEVELOPMENTS IN DATA ACQUISITION SYSTEM TECHNOLOGY

The state of the large-scale data-acquisition system art in 1997 was described in Reference 1.  The
following paragraphs describe several technologies have become viable (or significantly improved)
for real-world data acquisition systems since that time.

“GIGABIT” Networks: Perhaps the most important of these is the development of such high-speed
networks as gigabit Ethernet, Firewire, and Fibre Channel.  These technologies allow the transfer of
multiple channels of audio-frequency data from device to device.  These concepts are combined with
new disk-storage technologies in the form of RAID and JBOD systems to allow the high-speed
storage and retrieval of enormous quantities of data.



At the moment, systems that are based on Fibre Channel offer the most flexibility and highest speeds
of the readily-available architectures.  Features include:

•  >45 million sample/second data transfers.
•  Up to 10 kilometer point-to-point transmission.
•  Multiple, backward-compatible, communication protocols.
•  Support for huge, high-speed, disk farms
•  Support by a large number of vendors.

Analog-to-Digital Conversion Technology: During this period Sigma Delta (Σ∆) conversion systems
have been developed to a high art and are almost universally accepted for audio-frequency
applications.  These systems offer:

•  Bandwidths of over 50 kHz.
•  Almost-perfect alias-error rejection.
•  Flat response and constant delay (linear phase).
•  Dynamic range of over 85dB.

This combination of features makes these systems almost perfect for measurements in the audio
frequency range.  The “digital” technology is so good that the onus is placed entirely on the quality
of the analog components (transducers, wiring, signal conditioners, and amplifiers) that precede it.

DSP-based Calculation Systems: Improvements in performance and data accessibility allow very
powerful run-time calculations. Examples include:

•  Inspection of every data point for violation of level parameters.
� Alarm generation based on logical combinations of violations.

•  Large-array spectrum calculations to provide fine frequency resolution.

These capabilities greatly expand the available options for test monitoring for safety and display.

PC-based Calculation and Display Systems: Modern Intel and Intel-compatible machines offer
excellent calculation and display capabilities.

•  The requirements of PC gamers have produced capabilities that provide very powerful
scientific computations and displays.

•  The systems are very low in cost and are improving rapidly.

For instance, a modern Pentium-based machine can do a 1024K Fast Fourier Transform in about
1 second…a task that took minutes on a midi computer just a few years ago.

BASIC TESTING PHILOSOPHY

The objective of any experiment is to record an accurate representation of the phenomena being
studied.  Fundamental components of this objective are:



Get any data at all. This obvious objective is missed more often than most investigators would like
to admit. It is essential that the instrumentation and recording system operation be verified before the
test. Strategies that improve the probability of success include:

•  Use continuous recording that is started and verified before the test instead of triggered
recording.

•  Assure that the complete recording path is operational before the test starts. This is
accomplished by performing read-after-write data verification.

Get data that is not wrong (note the choice of words).  There are a number of possibilities here:

•  Systems that do not have adequate alias-signal rejection will produce corrupt data sets.
Worse, the fact that the results are corrupt usually cannot be detected.

•  If the system is not adequately protected from errors caused by induced voltages the results
will be compromised.  A particularly bad example occurs when the induced error is coherent
with the phenomenon being measured. An example is errors caused by the fields of the
electrodynamic shaker in a vibration test. The error signals will look exactly like the response
from the vibration transducer and cannot be rejected once the data are recorded.

•  Some data acquisition architectures produce erroneous (but “good-looking”) data when
transducers are incorrectly connected or not connected at all.

•  Some architectures are susceptible to channel scrambling, thus causing data to be assigned to
the wrong location.

Obviously, these possibilities are not acceptable.

Get data that is right!: Unfortunately, this is not as simple as it seems.  In addition to the real errors
that occur in any measurement process, the measurement system will (not may) distort the data.  For
example, Figure 1 shows three time histories that were processed to emulate three alias-protection
strategies that are used on commercially-available data acquisition systems.  It can be seen that there
is a significant difference between them.  Which one is correct?  None of them.

Figure 1–Transient Data Acquired by Different Data Acquisition Systems
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The point here is that the best we can do is to record data that is consistent.  A good system will
measure individual data points that are linear and repeatable to within 1% of full scale over the full
bandwidth of the system. Then, if necessary, analytical tools can be used to modify the data to make
it agree with other systems. [Reference 1].

Beyond this consideration, it is critical that errors that cannot be accounted for by distortion
analysis/correction are minimized.

The worst of these is aliasing; an error that cannot be removed after the measurement is made and
often cannot be recognized.  Properly implemented sigma-delta-based data acquisition systems
attenuate these errors to values below the system measurement resolution.

Noise and signal corruption due to external magnetic and electric fields must be minimized.  Proper
amplifier, wiring, and grounding techniques are required to take advantage of the concepts discussed
here.

Be able to record data that is significantly larger than what is expected.  In a large number of tests,
the objective is to find behavior that is not expected (otherwise, why is the test conducted?).  An
unacceptable result is that large responses saturate the instrumentation and/or recording system.  It is
these measurements that we really care about.

The solution is to take advantage of the dynamic range of available instrumentation and data
acquisition systems.  Piezoelectric transducers, the devices used most commonly in this frequency
range, provide a dynamic range (Full scale/Smallest Detectable Signal) in excess of 90 dB.  This,
combined with a good signal-conditioning/data-acquisition system, will provide a system dynamic
range of over 80dB (10,000/1).

This allows a very conservative choice of system range (gains).  It is perfectly reasonable to set the
full-scale range to 100 times the expected value.  Then, with the available dynamic range, a
measurement that is 0.1% of expected value can still be resolved.  Most important, however, is that
the unexpected, high-level responses will be recorded.

Monitor the test data and display and react to the results.  This has two facets.

•  Data viewing for sanity: This is usually takes the form of multi-channel, graphic displays in
time- or spectral-domain format.  The challenge here is to present huge amounts of data in a
format that the test engineer can understand and react to if there are unexpected results.

Modern systems offer the capability of multiple screens, each with 20 or more channels
displayed in a variety of formats.  The challenge is not getting the data to the display.  The
problem is making it understandable.

An important recent development is the capability of performing high-resolution spectral
calculations at run-time speeds.  For example, characterization of structural motions often
requires a spectral resolution of less that 1 Hz. When data is being acquired at 100,000
samples/second a 128K FFT is required.



•  Automatic anomaly checking and reaction: Modern DSP technology allows the inspection of
every data point and comparison with pre-selected warning and error levels at an aggregate
rate of millions of samples/second.  The detected anomalies can be combined logically to
generate messages and/or shutdown commands.

Data Traceability: As experiments become more complex and data acquisition systems become
larger (i.e., more channels) documentation of the measurement process becomes more critical.  Part
of the problem is that, after the data set is reduced to parameters that are useful for engineering
analysis (Power Spectral Density, Transfer Function, Shock Response Spectrum…), its pedigree is
normally lost.  Information like transducer type, calibration, alias-protection strategy and other
parameters can (and do) affect the data, and the same test performed with different, equally-viable
instrumentation/acquisition systems will produce results that are significantly different.

It is essential that a complete description of the data sources, paths, and analysis processes be
included with any data presentation.  Interpretation and validation of the results are completely
dependent on the data’s heritage.

SPECIAL TEST CASE CONSIDERATIONS

Some testing activities are potentially prone to accidents.  One example is laboratory structural-
dynamic testing where sensitive specimens (e.g., spacecraft) are tested on equipment
(e.g., electrodynamic shakers) that, if not properly controlled, can damage the specimen and/or the
facility.  Accidents can also occur when the specimen is being moved or when there is an incident
during instrument installation.

Traditionally, in these cases, a “doomsday” recorder has been used.  This might have been a
magnetic tape system capable of recording critical channels over long periods of time.

The systems described here have the capability of recording all of the channels continuously at a
high sample rate in a rotating buffer.  The principle, which emulates a transient recorder with a very-
large memory, is shown in Figure 2.

Figure 2–The Rotating-Buffer “Doomsday” Recorder
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The recording system is run any time that transducers are attached and that there is any possibility of
specimen damage (perhaps, all the time).  If an accident occurs, either an event trigger or an operator
stops the acquisition before the rotating buffer is written over (60 minutes in the example pictured)
and the anomaly can be examined from the acquired data.

The critical determination is whether the specimen was overstressed (or whatever criterion is
appropriate) during the accident.  To do this, the range of the measurement system must be scaled in
such a way that motions that will damage the specimen are within the full-scale range.  This requires
the high-dynamic-range instrumentation/recording system discussed earlier.

SYSTEM ARCHITECTURES

Figure 3 shows the architecture of a typical 64-channel DSPCon system.  Figure 4 shows a multiple
Data Station/Multiple Work Station system architecture that would be used for large-scale testing.
Systems with up to 16 data stations (1024 channels) are reasonable.

Figure 3–A Typical Fibre Channel-based System for Medium-sized Applications
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Figure 4–Multiple Data Stations Provide Up to 1024 Channels
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- CMMR >70 dB (differential)
� Internal Electronic measurements have:

▫ Programmable current excitation from 2 to 20 mA.
▫ Bias test (Validity indicated on the front panel and value transmitted to the

computer)
•  Programmable Gain to provide full-scale ranges of ±10, 5, 2, 1, .5, .2…0.01 volts.
•  Buffered Analog Outputs for all channels are available on the front panel.
•  All channels are monitored for saturation by testing the positive and negative excursions of

the input amplifier for violations of a programmed level (nominally +9.95 volts).  Violations
are continuously sensed by the system and are “announced” and logged.

•  All functions are programmable on an individual-channel basis.
•  All inputs are fuse protected.

Analog-to-Digital Conversion: The system uses Sigma Delta technology to provide:

•  Bandwidth up to 58 kHz (at 130,000 samples/channel/second).
•  Almost-perfect alias-error protection.
•  Flat Pass Band (+1% from DC to the Bandwidth)
•  Simultaneous acquisition of all channels (±10nS).
•  Linear Phase/Constant Delay.
•  Programmable sample rates from 1K to 130K Samples/second with resolution of <.001

samples/second.

Overall Measurement Performance: These systems have been demonstrated to provide a dynamic
range of over 80 dB in laboratory conditions using real transducers on 200 feet of cable.

Data Storage: A JBOD or RAID System with over 50 Gbytes for each 64-channel system. This
provides more than 60 minutes of data storage at 100,000 samples/second and can be readily
expanded to 10 times the volume, if appropriate.

THE PIRANHA™ SOFTWARE SYSTEM

This system provides a complete test setup, data acquisition/storage, data analysis, and data
archiving environment for a variety of experimental regimens.  It has been designed for use in large-
scale testing environments in which tests with hundreds of channels are the norm.  It is comprised of
three primary sections.

The Three-tier Database manages the measurement devices in the facility and provides the tools
necessary to set up the data acquisition and analysis for the test.  It is made up of three components:

•  Catalog – A generic description of the available transducers
•  Inventory – Detailed description of the properties of individual transducers.
•  Setup – Defines a test by drawing on the Catalog and Inventory for transducer information.



The Run Time System operates in two modes:

•  Rotating Buffer (Monitor or Doomsday Recorder) with a loop time that is as large as the
available disk space.  The acquisition can be stopped at any time and the data viewed to
inspect en experimental anomaly.

•  Defined acquisition period in which a normal data storage is made for a predetermined
period.  It can be stopped early by operator command.

During both modes the following tasks are performed:

•  Disk read-after-write data verification.
•  Runtime Display: On the control terminal and each monitor terminal

� Up to 20 frames with 1 channel/frame are displayed.
� Each channel is displayed in time, spectral, or Lissajous format
� Frames are updated 5 times/second or at the data buffer rate, whichever is

slower.
•  Runtime Calculation

� All acquired data is checked against warning and error levels.
� Spectral calculations with up to 128K FFTs are performed on selected channels.

The product of the acquisition process is a set of data files known as CATS Files.  There is a file for
each channel and, in addition to the data stored in raw A/D counts, it contains a complete pedigree of
the data including all of the information entered into the Setup database.

The Post Processor System provides data viewing and analysis facilities for data stored in CATS
files.  Presently available processors include:

•  Data Viewer: A tool for the examination of data in time-history and spectral format.
•  Narrowband Processor: An analysis system for characterization of data in FFT-based spectral

form.  FFTs of up to 1 Megapoint are used to calculate Power Spectral Density or Fourier-
Spectrum magnitude.

•  Octave-band Processor: Analyzes the data with FFT-based, ANSI-compliant, or
IEC-standard 1/N-octave filters with 1/1, 1/3, 1/6, 1/12, and 1/24 octave-spacing/bandwidth.

•  Shock Response Spectrum (SRS) Analysis Processor: Performs a Smallwood-Algorithm
SRS.  Allows data normalization as described in Reference 2.

•  Rotating Machinery Processor: Performs time- and spectral-domain analysis associated with
tachometer signals.

This combination of hardware and software systems provides a robust data-acquisition and analysis
capability for large-scale structural vibration, wind tunnel, turbine engine and acoustic testing.



CONCLUSIONS

The past five years have produced several significant advances in A/D conversion, networking,
storage, computation, and display technologies that might be used in audio-frequency data
acquisition systems.  This paper has discussed the application of these advances to produce more
flexible and robust systems that provide a significantly-improved probability of making meaningful
measurements in critical tests.
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‘NEW TECHNOLOGY’ DATA RECORDERS

A TECHNOLOGY OVERVIEW
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ABSTRACT

There are clear signs that data recorders using solid-state and disk-based technologies now represent a serious
alternative to conventional linear and rotary tape recorders for a broad spectrum of data capture applications.
As the number of RFQs specifying these so-called ‘new technology’ solutions increases, virtually every major
manufacturer has responded with announcements of new off-the-shelf products. A NATO technical support
team has even been tasked with drafting standards for certain aspects of solid-state and disk recorders.

But what has caused this sudden explosion of interest? Strange to say, in almost every case it has been the
perceived shortcomings of the new technologies which have forced the issue. For all their advantages, solid-
state and disk recorders are essentially only temporary storage devices. To overcome this problem
manufacturers have found it necessary to address the total data capture/storage/distribution/archiving scenario –
with some interesting results. It is in the ‘data handling’ area therefore that some of the most significant advances
are to be found.

This Paper offers an overview of some of the new technology solutions now available - RAID (Redundant
Arrays of Independent Disks), JBOD (Just a Bunch Of Disks) and FLASH memory recorders. New paradigms
for airborne, mobile and laboratory data collection, handling, analysis and archiving are discussed,
demonstrating that (for once) the migration path has been carefully thought through, with industry-standard data
interfaces, true computer connectivity (Windows and UNIX) and familiar control techniques. It concludes that
many users with a keen interest in replacing legacy products for whatever reason can now do so with
confidence and minimal disruption to their day-to-day operation while nevertheless gaining access to the
important benefits which ‘new technology’ solutions can offer.
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Data, recording, capture, acquisition, storage, RAID, JBOD, magnetic, tape, disk, solid-state, new technology,
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INTRODUCTION

The term ‘new technology’ is popularly taken to describe recorders which use either solid-state memory or
disks as their primary storage medium. In one sense of course the term is a misnomer since these technologies
have been around in their own right for many years. Indeed, both have been chipping away at the lower end of
the data acquisition spectrum for decades. But in the context of ‘high end’ data capture, solid-state and disk-
based recorders are relative newcomers to the scene. For the first time ever, the supremacy of magnetic tape in
terms of bandwidth and storage capacity is seriously in question.

Solid-State Recorders

The fundamental raison d’être for solid-state recorders is obvious. With no critical moving parts, a carefully
designed recorder might reasonably be expected to out-perform an electro-mechanical (e.g. tape or disk)
device under extreme conditions of shock, vibration, temperature and acceleration. Technically speaking,
maximum data rates and capacities are not an issue since the architecture of the device can be scaled as
required. Compared to sophisticated tape recorders maintenance costs are minimal. An early entrant into the
proprietary solid-state recorder market was the Calculex MONSSTR family of recorders used primarily for
reconnaissance, missile and flight testing applications aboard fighter aircraft and helicopters. Present
implementations of MONSSTR™ offer data rates to 1 Gbps and scaleable storage to 415 GB in one or more
hot-swappable canisters. A more recent example is S/TAR™ range from L-3 Communications offering data
rates to 400 Mbps and capacities to 16 GB (RM-3000) and 100 GB (RM-8000) in a removable cartridge.
Both manufacturers prefer the non-volatile FLASH memory technology to the more bulky DRAM devices
found in some early examples of solid-state recorder. L-3 Communications has also formed a marketing
partnership with Ampex, manufacturer of the widely used 1 inch transverse scan DCRsi™ tape recorders, in
order to be able to offer total collection-to-archive system solutions. Under this arrangement, Ampex markets
the S/TAR™ as its SSRS™ product.

The relatively high cost of memory compared to tape and disk media is an important factor when considering
very high capacity (100+ GB) applications, particularly when a number of cartridges are involved. Although disk
and solid-state technologies are at about the same level of maturity, FLASH memory is currently some fifty
times more expensive than disk storage. Although the cost per MB of FLASH memory can be expected to
improve as 256 Mbit chips displace the existing 64 Mbit devices, many observers expect this differential to
remain a significant factor for the foreseeable future. Table 1 includes a representative sampling of proprietary
solid-state recorders.

Disk Recorders

The evolution of recorders based on hard-disk technology has been astounding. Just a couple of years ago, this
approach was little more than a ‘promising concept’. But now at least four major manufacturers have introduced
one or more disk-based products. Disk recorders come in two flavors; RAID (Redundant Array of
Independent Disks) and JBOD (Just a Bunch of Disks). While both use similar high-end computer peripheral
hard-drives, it is important to understand the differences between the two approaches. RAID-based recorders
generally convert the data input (typically digital, analog, pcm, telecommunications or video data) to a
conventional computer file which is written directly to an array of disks according to industry-standard RAID



conventions. Although these files may later be converted back to their native format for analysis it is also
common for them to be analyzed directly in a Windows™ or UNIX environment. This means that the traditional
problems of getting instrumentation data into a computer format for analysis are largely overcome. Typical of
this approach are the Ampex FASTdisk ™ and the Metrum-Datatape Model 80, both of which use RAID-3
level parity. In contrast, JBOD recorders simply commutate a digital bit stream across all the available disks in a
continuous, relatively unstructured fashion in order to gain the maximum possible speed advantage. The JBOD
technique is a more efficient use of the available disk space since no redundancy is involved. Although
implementations differ, JBOD recorders tend to emulate traditional tape recorders so that conversion to a
computer file or other data format may involve a separate process. Examples of JBOD recorders include the
Ampex DDRS™ family, the Avalon AE7000 and Enertec’s DS2000 and DS4000 range.

Disk-based recorders (RAID or JBOD) are an attractive proposition on several counts. Digital data rates as
high as 1 Gbps can be supported by as few as eight inexpensive 36 GB hard-disks operating in parallel. That’s
around 50 MHz of signal bandwidth in analog terms (8-bit sampling), or more than double the capability of the
fastest tape recorders currently available. For SIGINT, reconnaissance imaging and similar applications where
bandwidth really matters, this is an important gain. With a suitable multiplexer/demultiplexer this class of system
can easily emulate a 14-track analog IRIG legacy recorder, with bandwidth to spare. An 8 x 36 GB disk
configuration has a storage capacity of some 275 GB (2 Terabits) – nearly three times that of the largest ANSI
ID-1 tape cartridge, for example. The random access element of disk recording has been used to good effect in
several recorders where a true read-after-write mode has been implemented. This has the advantage not just of
allowing the user to confirm that error-free data is being collected but, much more importantly, offers the
possibility of accessing recently acquired signals for immediate examination or analysis without interrupting the
recording process in any way. As with solid-state recorders, maintenance costs are minimal.

With some implementations now capable of operating reliably in all but the most severe platform environments,
in reality disk recorders share many of the attributes of a solid-state recorder – high recording rates, high
storage capacity, random access, a read-after-write capability – but at a significantly lower unit cost. Hard-
drives also have a good road map. When disk recorders were first introduced a year or two ago they typically
incorporated 9 or 18 GB drives. Already 36 GB drives are the norm, with the promise of 72 GB just around
the corner. Table 2 includes a representative sampling of proprietary disk-based recorders.

APPLICATIONS

But solid-state and disk recorders share one major drawback in that neither offer a direct means of long-term
‘permanent’ storage. Consequently, transcription to another form of archival medium is invariably required. It is
the inventiveness of manufacturers in this particular area where the most important advances have been made.
To see how the apparent shortcomings of disk and solid-state storage have been overcome to the practical
benefit of the user, it is convenient to discuss several representative applications.



High Environmental Platforms

These typically include; high performance aircraft, strategic/surveillance aircraft, UAV’s and most helicopters.
Applications include the recording of imagery, COMINT, ELINT, ASW, mission video, avionics and flight
test/evaluation data. By definition, the environment is anything but benign, the available space is invariably limited
and the crew (if there is one) will generally have little time to worry about the recorder. The opportunity may
sometimes exist to downlink critical data during the mission, but more often the recorder has to look after itself.
In essence it is vital that all mission data be brought back alive for others to deal with later.

From the survival standpoint, a solid-state recorder starts firm favorite, particularly if it is designed to emulate
the legacy recorder which it is intended to supersede. In recent years, two classes of tape recorder have
dominated the high environmental area – the 1 inch transverse scan DCRsi family from Ampex and the 19 mm
helical scan ANSI ID-1 products from Enertec, Metrum-Datatape and others. Not surprisingly, therefore, both
Calculex and the Ampex/L-3 Communications team offer their solid-state recorders with full DCRsi and/or
ID-1 emulation/compatibility. Calculex also offers compatibility with the Metrum-Datatape ½-inch tape
VLDS/Model 64 family. These products all have removable memory canisters or cartridges which can be
inserted into a compatible ground-replay unit at the end of the mission either for direct data analysis or for
transcription to a high capacity tape recorder.

But the high environment area is no longer the exclusive preserve of solid-state recorders. Ampex offers its
DDRS disk-based family as a lower cost alternative to both its tape and solid-state products. Its DCRsi-
compatible DDRS 400 recorder offers 100 GB of disk storage in a compact hermetically sealed cartridge
which is capable of operation at high altitude without regard to the effects of moisture and dust. Similarly,
Enertec offers a family of disk-based recorders for high environmental electro-optical/IR/SAR reconnaissance
imagery, ASW and flight test applications. Although the company still sees a long-term future for its conventional
ID-1 helical scan tape products it has nevertheless developed the necessary airborne and ground-support
elements to permit the smooth flow of imagery, acoustic, digital and video data from sensor to analysis
equipment. The larger DS4100 recorder can capture 72 GB of data at up to 240 Mbps).

The interchangeable medium (solid-state cartridge or disk pack) approach just described is generally quite
acceptable in a flight test scenario for example where the aircraft may not be flown again for some time, but may
cause difficulties under battlefield conditions where the aircraft must be readied for use again in minutes. It is of
course possible to rotate several cartridges so that a fresh one is available for each new mission, but the high
cost of solid-state memory modules in particular may sometimes render this approach uneconomic. A further
complication arises when an aircraft lands at an unfamiliar base where no compatible replay facilities exist. To
overcome these problems, NATO Air Group IV TST is working with industry and others to develop a new
standard NATO agreement (STANAG 4575). The intent is to define a generic download port for any airborne
recorder (particularly disk-based and solid-state units) so that any ground station with a compatible port will be
able to extract and transcribe the stored data from any compliant recorder, in situ. It is expected that
STANAG 4575 will define the physical connector, the power requirements, the data and control interface
(copper FibreChannel) and the protocol (a sub-set of SCSI-3). This approach of transferring the compatibility
issue from the media to the interface is an important example of how manufacturers and users are taking
advantage of the opportunities offered by new technology products to ease the flow of data through the overall
data path.



These two complementary routes to compatibility with legacy products means that new technology recorders
can generally be integrated directly into an existing data capture, analysis, dissemination and archiving
infrastructure with minimal disruption. The clear strategy in the high environmental platform area is for
manufacturers to offer new technology products as direct replacements for existing legacy recorders, facilitating
this transition with a range of proprietary and/or generic data and control interfaces. This way, a user’s
investment in existing technical and operational infrastructure (sensors, analysis equipment, software and on-line,
near-line and off-line mass storage systems) can still be utilized while at the same time establishing a clear
migration path to access the improved capabilities and/or cost advantages of the new solid-state or disk-based
products.

Large Platforms and Static Locations.

Away from the high environmental environment, the story takes a different turn. Although there are some
obvious differences between large aircraft, ships, submarines and static environments from the data collection
point of view, these can nevertheless be considered as a group for this discussion. The more benign ‘shirtsleeve’
environment of these locations does not generally justify the cost premium associated with a solid-state recorder
so the interest here currently is mainly in the capabilities of disk recorders.

But one further and vitally important consideration also comes into play. As with high environmental
applications, there are many cases where all recorded data must be transferred from temporary to permanent
storage as soon as possible. It is generally essential for example that all COMINT and reconnaissance imagery
data be archived so that this material can be accessed again quickly in the future. In other cases, the ‘good’ data
recorded during a mission or test may represent only a small fraction of the total dataset. For example, the
calibration and measurement telemetry from a test missile firing may occupy only a few minutes of the day’s
work. In this situation, the ability to edit and transcribe these short passages to low cost medium immediately
after the completion of a test often simplifies the subsequent analysis process considerably. Similarly, in some
ELINT applications, the number and duration of ‘interesting’ contacts during a mission may be limited. Here too
some immediate editing and sifting will often be an advantage. A subtle but important sub-set of this concept is
the ability of operators to review recently recorded data without interrupting the recording process. Disk
recorders with a read-while-write capability allow operators to recall possible contacts for more detailed
examination – with the added potential for marking the passage of interest for transcription if necessary. There is
also a growing need to transmit recently acquired data to another location electronically rather than ship bulky
tapes by land, sea or air. A typical example might be where missile telemetry is captured at a remote range but
processed at a central analysis facility. Valuable time could be saved if the salient data could be transmitted
back to base by secure link after each test.

Not surprisingly, the exact approach taken by the manufacturers of disk recorders tends to be based on their
own background and experience. For example, Ampex offers its FASTdisk RAID-3 recorders as a direct
replacement for its DCRsi digital cartridge tape recorder. With data rates of 960 Mbps for the laboratory
version and 672 Mbps for the ruggedized variant, both comfortably out-perform the 240 Mbps capabilities of
the fastest DCRsi recorder, but at a fraction of the cost. So too do the company’s 200 and 400 Mbps DDRS
systems. For easy integration into an existing Ampex UNIX or NT platform or analysis facility, these new units
can all transcribe data directly to Ampex’s DCRsi and/or DIS mass storage tape recorders and libraries.
Metrum-Datatape’s PC-based Model 80 RAID recorder is offered as a direct replacement for the company’s



Model 64 and Buffered VLDS ½-inch cassette tape recorders which are used to record the output of ARMOR
data multiplexers in multichannel telemetry applications. Model 80 stores data as computer files on its internal
hard drive(s). Files can then be transferred to an archive device, forwarded over a network or replayed using
the ARMOR system. The highest data rate is 80 Mbps and the maximum storage capacity is 72 GB.

Avalon has taken a slightly different approach with its AE7000 Disk Recorder. Designed specifically to emulate
a tape recorder as closely as possible, this unit is offered with a range of interchangeable analog, digital and
telecommunications interfaces. Since Avalon’s background is mainly in SIGINT, ASW and telemetry it has
elected to concentrate on the high bandwidth and storage capacity features of disk recording. With a maximum
native data rate of 1 Gbit/s and a capacity of 2 Terabits (on eight 36 GB hard drives), the company has
understandably given a considerable amount of thought to the question of pre-analysis editing and transcription.
Three levels of permanent data storage are offered. First, selected passages of recorded data can be
transcribed directly to a built-in Exabyte or AIT-2 tape drive for transfer on cassette to a separate analysis
workstation. Provided that the data sets are relatively small (as with many telemetry applications, for example),
this approach offers an extremely cost effective means of storing and distributing edited passages of data. The
second level of permanent storage involves integrating the AE7000 Disk Recorder with an NT4 Workstation
running a series of proprietary data management utilities. These allow the user to select passages of recorded
data for saving to computer disk or distribution across a network. For long term, unattended monitoring
applications, Avalon offers a range of integrated tape library solutions. For legacy applications, the AE7000’s
normal single channel 20 or 50 MHz analog interface can be replaced with a 16-channel 2 MHz analog
interface which is designed specifically to emulate 14-track IRIG recorders. Alternatively, the unit can be
interfaced directly to a number of 3rd Party telemetry multiplexer/demultiplexers.

SUMMARY

We have seen that ‘new technology’ recorders offer a number of intrinsic benefits compared with traditional
recorders; higher data rates, higher capacities, excellent recording fidelity, durability, ease of data handling,
relatively low capital cost and near-zero maintenance. Indeed, in terms of data rate and capacity the new
technologies now actually allow designers to go far beyond the practical limits of tape-based systems without
incurring the usual penalties of increased cost and complexity. But these benefits alone are not what have
spawned the present interest in new technology solutions. No, this is the result of the way that manufacturers
across the board have taken the opportunity to develop real improvements in operational capability while at the
same time minimising the risks and disruption normally associated with technological advances.

In the high-environmental area, manufacturers have adopted a ‘cut-and-paste’ philosophy whereby new solid-
state and disk-based products can simply be substituted for legacy recorders, in many cases using directly plug-
compatible data and control interfaces. This way, the transition becomes more or less transparent to user, with
minimal disruption to their tried and tested data collection, analysis, distribution and archiving infrastructure. But
at the same time, the building blocks for future improvements in operational capability are in place – wider
bandwidth, improved data integrity, lower maintenance costs, etc. In addition, the potential problems associated
with a proliferation of recorders, media and formats are being addressed by a standardisation effort at the
interface (rather than at the hardware) level – offering the possibility of a hitherto undreamed of level of
interoperability around the world.



In more benign environments, designers have taken the opportunity to nail the age-old computer interfacing
problem once and for all. Instead of having to shoe-horn a traditional data recorder into a computer
environment (generally at considerable cost), users of new technology recorders are presented with their data in
PC or UNIX formats – perhaps already edited for immediate networking and analysis.

The movement to replace ‘legacy’ recorders with ‘new technology’ devices is already well underway. In some
cases, particularly where the installed base of 14 and 28-track IRIG recorders is concerned, the need is
becoming urgent as critical spares become more difficult to source.

Users with a large investment in current generation large format rotary systems can perhaps afford to take a
longer term view since it is anticipated that the availability of these units and their spares is not an issue at
present. Nevertheless, many programs would welcome the enhanced capabilities that ‘new technology’
recorders can offer, not just in terms of raw bandwidth and capacity but also the ease with which data can now
be handled and processed. This carrot has been made even more enticing by the way that manufacturers have
eased the transition from the old to the new with a low risk cut-and-paste approach to recorder substitution.
For the first time ever, perhaps, the next generation of recorders may not be accompanied by a heavy cost
penalty or a requirement for substantial levels of NRE. They can be tried and tested within existing environments
and implemented without significant disruption to existing systems.

TABLE 1: COMPARISON OF SOLID-STATE RECORDERS

Vendor Product Data
Rate

(max.)

Capacity Emulation/
Compatibility

Primary
Data

Interface

Removable
Medium

Ampex SSRS 400 Mbps 8 – 100 GB DCRsi
ID-1

Digital Yes

Calculex MONSSTR 1 Gbps 22.7 – 415 GB
(scaleable)

DCRsi
VLDS
ID-1

Digital Yes

L3
Communications

S/TAR
RM-3000

400 Mbps 8 – 16 GB DCRsi
ID-1

Digital Yes

L3
Communications

S/TAR
RM-8000

400 Mbps 8 – 100 GB DCRsi
ID-1

Digital Yes



TABLE 2: COMPARISON OF DISK RECORDERS

Vendor Product Type Data Rate
(max.)

Capacity
(max.)

Emulation/
Compatibility

Primary
Data

Interfaces

Removable
Disk Crate

Ampex FASTdisk
(Laboratory)

RAID-3 960 Mbps 180 GB DCRsi
DIS

Digital No

Ampex FASTdisk
(Rugged)

RAID-3 672 Mbps 126 GB DCRsi
DIS

Digital Yes

Ampex DDRS JBOD 480 Mbps 54 – 180 GB DCRsi Digital No

Ampex DDRS 200 JBOD 200 Mbps 50 GB DCRsi
DIS

Digital Yes

Ampex DDRS 400 JBOD 400 Mbps 100 GB DCRsi
DIS

Digital Yes

Avalon AE7000 JBOD 1 Gbps 275 GB - Digital,
Telecomm,
Analog (50

MHz)

Yes

Enertec DS2100 Single disk 60 Mbps 14 GB - Digital,
Multi-channel

Analog
(optional)

Yes

Enertec DS4100 JBOD 240 Mbps 72 GB - Digital,
Multi-channel.
Analog, Video

(optional)

Yes

Metrum-
Datatap
e

HDDR-100 RAID-3 100 Mbps 72 GB - Digital Yes

Metrum-
Datatap
e

Model 80 RAID-3 80 Mbps 27 - 72 GB Model-64,
Buffered VLDS,

ARMOR

Digital Yes



DIGITAL WIDEBAND RECORDING SYSTEMS

Alfred N. Brower
President, DSPCon, Inc.

OVERVIEW

Historically, those interested in recording one or more channels with analog content of greater than or
equal to 2 MHz, must use an analog recorder. In the last few years, advancements in analog-to-digital
converter technology, performance enhancement in Digital Signal Processors (DSPs), and digital
recording devices have made cost-effective, wideband recording applications possible through the use of
all-digital techniques.

This paper has three objectives:

1. It attempts to explain the benefits of a wideband digital recorder over the traditional analog
variety.

2. It discusses the key elements of a wideband digital recorder.

3. It presents a realizable 10-channel, 30 Mbit PCM digital recorder solution.

4. It presents a realizable 14-channel, 2 MHz (bandwidth) digital recorder solution.

ANALOG VERSUS DIGITAL RECORDING

There are several advantages to digital recorders over traditional analog recorders. This section describes
some of these advantages.

RECORDING EFFICIENCY

Typically, an analog recorder consists of a tape unit that is capable of placing each channel on a slice of
the tape called a “track”. The greater the number of channels, the greater the number of tracks. Since all
of the channels are written on the same tape, the tape moves at a speed capable of recording the highest
bandwidth signal. If other channels contain lower bandwidth data or no data at all, the, in effect, this
tape is wasted.

Using a digital approach, real-time processors are capable of packing digitized data in such a way that
no part of the media is wasted. This allows the operator of the recorder to specify the maximum analog
content on each channel; the recorder automatically performs in an optimal manner. Similarly, digital
devices are also capable of taking advantage of situations in which some number of input channels are
not being used (i.e., no signal is being applied). In these cases, a digital recorder ignores the inactive
channels, thus allowing more data to be recorded on the active channels.



LONGEVITY OF DATA

With an analog recorder, no two recordings of identical input data will be recorded in exactly the same
way. Likewise, when data is played back from a given analog recorder, its content will vary ever so
slightly. This effect is even worse when data from one recorder is played back from another. All of this
is due to the fact that the reproducibility of the true signal is based on how close to the intended speed
the tape is moving, how much side-to-side movement the heads are producing over their intended tracks,
and how clean the heads on the recorder are.

With a digital approach, all of the variance is located in the sampling clock of the record and reproduce
systems. These are the clocks that feed A/D converters on the record system and the D/A clocks on the
reproduce system. Variances of sampling clocks between systems result in variance of the frequency
content of the data being captured and replayed. Today, inexpensive oscillators are available that are
stable to more than 1-part-per-MHz in a wide temperature range. This results in a frequency stability
better than any analog recorder, and far better then is practically required.

RELIABILITY

A major problem with analog recorders is that it takes a highly-trained user to operate one in a mission-
critical environment. If one or more channels fail, it is difficult to tell until it is too late. Analog
recorders suffer failures that are analog in nature.

Digital recorders are capable of providing very robust real-time error protection (e.g., Reed Solomon
Coding). Also, they are capable of performing real-time write-read-verify cycles to all of the data they
record. This way, the recorder can alert the operator as soon as a problem occurs. In addition, most
digital recorders are capable of End-to-End (E to E) testing. In E to E testing, a signal of known
frequency content (e.g., a sine wave) is self-injected into the A/D front end of the recorder. The recorder
digitizes this data, writes it to tape and then reads the data back and ascertains that the spectral content of
the recorded data is adequate to allow the user to continue. Lastly, digital recorders always have failures
that are digital in nature. In other words, when they work, they are at 100%. When they fail, the operator
is immediately informed and it is impossible to continue. Often, this is very desirable--particularly in
mission critical environments; because we are operating on the data as it is coming in, we can perform a
number of real-time checks on it simultaneously.

MAINTENANCE

Anyone who has used an analog tape recorder is familiar with the expense of having the tape heads
replaced. Typically, this is not an option because failure to take timely action results in degraded data or
data that is lost completely. In addition, analog recorders, in general, require the operator to make
periodic adjustments to insure proper tape alignment, proper tape tensioning and set up of
record/reproduce electronics.

With a Digital recorder, there is virtually no maintenance. For example, disk-based systems have a mean
time between failures of nearly 10 years. This number is even better for digital tape systems, although
these systems do require periodic head cleaning, this is easily done with a cleaning tape.



REAL-TIME PROCESSING

Most analog recorders provide no real-time analysis to the operator concerning the data that is being
recorded. Even the most sophisticated recorders provide little more than limit checks, time series and,
perhaps, spectral viewing of the data.

Once the data is digitized (which is the front end of every digital recorder), today’s enormously
powerful Digital Signal Processors can provide a wide variety of real-time feedback to the operator. This
includes a wide variety of PSD and Spectral views (with selectable windowing), filtering, demodulation,
channel-to-channel correlations, and signature analysis and recognition (including database searching).

DATA FORMAT VERSATILITY

Typically, the data on an analog recorder is physically stored on the tape in one format or another. This
format is determined at the time of purchase. In general, data from one vendor’s recorder may be
replayed on another’s as long as the format is identical. As the number of standards grew, all to often
consumers found themselves making a difficult decision to buy new recorders or live with a outdated
data format for which fewer and fewer recorder vendors provided support.

The heart of all DSPCon digital recorders is a very fast processor, which is not only capable, of
optimally packing the data, but also of formatting the data in a variety of standards. As standards
change, DSPCon digital recorders can be updated with a simple firmware modification, which is
certainly less expensive then replacing the entire recorder.

HOW DIGITAL WIDE BAND RECORDERS WORK

Most DSPCon digital recording systems consist of the same three basic blocks. They are:

• Filtering and Analog to Digital Conversion

• A Digital Multiplexer and Logical Data Formatter

• A Disk Array or Digital Tape Drive

A diagram of these important blocks is shown in Figure 1.

Figure 1-Basic System Blocks



Please note that the number of input channels can be traded off against the input bandwidth (sampling
rate) as long as the aggregate system data rate (number of channels multiplied by the digitized byte rate
of each channel) does not exceed the bandwidth of any bus in the system or the input bandwidth of the
bulk storage system. For example, DSPCon has delivered 4-channel systems with 30 MfIz of input
bandwidth for each channel. DSPCon has also delivered 96-channel systems, with a very similar
architecture, in which the input bandwidth was 45 kHz.

This section discusses each of these blocks and describes the state of the art technology of each.

FILTERING AND A/D CONVERSION

Arguably, this is the most important part of the recorder. It is the only part of the recorder that handles
the analog signals that will be captured. The first part of the block is responsible for removing spectral
content on the signal, which is beyond our frequency of interest. This step is necessary to prevent an
effect known as “aliasing”, in which these higher (unwanted) frequencies may corrupt the signal of
interest as the data is being digitized. While a discussion of digitizing techniques is beyond the scope of
this paper, it is a very important part of the front end of a digital recorder. A system that lacks proper
anti-aliasing filters results in the recording of corrupted signals. It is important to note that this filtering
must be done with analog components. There is no technique for removing the effects of aliasing once
the data has been digitized.

Once the analog signals have been sent through the proper anti-aliasing filters, the data is ready to be
converted into digital form. The concept here is actually quite simple. A/D converter chips are fed with a
clock. Each clock edge causes the converter to quantize the analog level that is present at the converter
at the time of the clock edge. The faster the provided clock, the more often the A/D quantizes. In order
to capture all of the desired spectral content, one must sample (clock the A/D) at a theoretical minimum
rate of twice the maximum spectral frequency of interest-known as the “Nyquist rate”. For example, if
we are interested in recording all analog content up to 2 MHz, we must sample at the rate of at least 4
MHz. As actual silicon does not behave at exactly the Nyquist rate, most engineers sample at a
minimum sample rate of 2.5 times the maximum frequency of interest. This accounts for imperfect filter
roll-off and other realworld effects. While many engineers believe that sampling at rates much higher
than the Nyquist rate is required in order to capture all of the spectrum of interest, a DSPCon White
Paper entitled “Interpolation of Sparse Time History Data” explains why this is not the case. It can be
found in its entirety on the DSPCon web site (www.dspcon.com). To access the paper, choose
“Download” from the menu choices, then choose “Tech Papers” and scroll to the document.

By quantizing (sampling) often enough, we can assure that we capture all of the spectral content of
interest. Since we are using a finite number of bits in each sample to characterize an infinite number of
points on each analog signal, how accurately can we capture a complex analog wave? The answer is
driven by the number of bits in each sample. This is measured in a ratio of the actual signal to noise (or
error) in the sample. This ratio is called the SNR (Signal-to-Noise Ratio) of the system. Years ago, if
you wanted to sample at 2 MHz, you would be “stuck” with 8-bit samples that resulted in an SNR of
about 42 dB. Today, it is very common to sample 2 MHz signals with 16-bit A/D converters, which
yields a SNR of almost 80 dB. Compare this to the less than 30 dB achieved from any reel-to-reel analog
recorder. This performance is far better than any analog recorder that has ever been made and usually far
better than is required (given the noise associated with sensors, cabling, and other parts of the system).



One final note about the front end of the recorder. Analog recorders maintain a poor time correlation
between each channel that is being recorded. Static and dynamic inter-channel time displacement errors
create many microseconds of time discrepancy between tracks. Typically, DSPCon recording systems
maintain a channel-to-channel time correlation better than .1 degrees at 1 kHz.

DIGITAL MULTIPLEXER AND FORMATTER

Assuming that we are interested in 14 channels and 2 MHz analog bandwidth, we must sample at 5
MHz. In addition, assume that each sample contains 16 bits (2 bytes). This results in 140
Mbytes/second. As little as two years ago this would have overwhelmed even the most powerful
processors. Today, several processor vendors, for example, Intel, Texas Instruments, and Motorola, are
shipping processors capable of billions of operations per second. These powerful processors are able to
manipulate this amount of data all in real time. At a minimum, this block must input all of the data from
the A/D front end, and supply this data as a single time-packed stream to a disk or tape device. Better
systems can actually analyze this data and provide useful statistics to the operator, while also streaming
the data to the bulk storage. Arguably, the most important task that this block should perform is logical
formatting of the data that will be written to the storage. This logical format allows end users to read the
data and process it with algorithms that they may have purchased or developed. Typically, such formats
include a specification of the number of channels being recorded, the rate at which they are being
recorded, and time tagging of the data plus significant events.

One of the most important aspects of the digital multiplexer is its ability to process the data in addition
to formatting the data. This offers a powerful solution to a large problem. The problem is how to manage
the enormous quantity of data that is collected and needs to be archived by wide band recorders. Most
often, these types of recorders are used to record long periods of data in order to be sure that specific
events of interest are recorded. The powerful real-time data processors within a digital recorder offer
two powerful ways to address the data reduction problem.

• Users may annotate blocks of interest with data marks that include long, text-based comments
that can be searched for off line. As these marks can be searched for rapidly on either disk- or
tape-based systems, data reduction can be performed quickly and inexpensively.

• The real-time data formatted can be programmed to search automatically for characteristics of
signals of interest in the time and/or frequency domains. This applies to both the start and end of
these events. Using this technique allows the recorder to record for much longer periods of time
because only events of interests are recorded. Moreover, when a recording mission is concluded,
there is only a small fraction of the data that needs to be archived.

Potential users of these all-digital, wideband recording systems must understand that planning is
necessary to allow for recovery of specific data in a time-efficient manner. As the actual recording
bandwidth per inch of media is increased by analog to digital conversion, users will not have the luxury
of playing back data at increased speeds. There must be a tight firmware link between the real-time
indexing of important data as it is recorded.

BULK STORAGE

There are two ways that bulk storage systems can be characterized. The first is the interface standard
that is used to get data in and out of the unit. The second is the type of physical media within the unit
that is used to record the data.



MEDIA TYPES

There are basically three different types of digital storage system media. Each has its benefits and its
drawbacks. All, however, are digital and therefore offer all of the benefits detailed in the first part of this
paper. Cost factors vary widely with each type of system, depending on environmental factors. As the
military or intelligence markets no longer drive recording technology, systems tailored to those markets
can be inordinately expensive. DSPCon strives to use COTS products wherever practical, but can use
any digital medium which best fits the application.

• Digital TapesThese devices offer the obvious benefit of having removable media. They also
can be flown at relatively high altitudes and still work well. Lastly, most modem tape devices
hold large quantities of data up to 660 Gbytes per tape. One large disadvantage of tape devices is
that they tend to be slow. Even the faster tape units are capable of handling only 24
Mbytes/second.

• Solid-state DevicesBasically, a solid-state bulk storage device is a large amount of RAM
configured to look like a disk or tape. These devices tend to be very mechanically robust and
extremely fast. They do, however, also tend to be very expensive and are generally not
removable.

• Disk-based SystemsDisk-based storage systems are made from piecing together two or more
individual disk drives to produce a higher-capacity device, a faster device, or both. Disk-based
storage systems tend to be fast and inexpensive. In addition, depending on how the disks are
physically mounted with the storage device, they can also be very mechanically robust and even
removable (like tapes). There are basically two types of disk-based storage systems.

JBODA JBOD (Just a Bunch Of Disks) is two or more individually-addressable disks within a
box. This is roughly equivalent to hooking up multiple disks to one interface. These devices are
extremely inexpensive and offer large capacities as a result of adding together the individual
capacities of all of the disks contained within the JBOD. Since many of today’s disks are capable
of speeds close to 40 Mbytes/second and 72 Gbytes/disk, a 40 Mbytes/second, 360 Gbyte (5-
disk) JBOD can be purchased very inexpensively.

RAIDThe problem with a JBOD is that while it allows you to add the capacities of each disk
together, the slowest disk device within the JBOD determines the speed of the entire device. This
is due to the fact that each disk is individually addressed for each write of data. A RAID is a
variation on this theme. A RAID is also made up of a bunch of disks. However, unlike a JBOD,
which writes its data to each disk in series, a RAID contains a piece of hardware that spreads
each data byte across multiple disks. This allows us to add not only the capacities of each disk
device, but also the individual speeds. If each disk is capable of 40 Mbytes/second, when five
such devices are put inside of a RAID, the resulting speed is 200 Mbytes/second (5 times 40
Mbytes/second). Typically, RAIDs also contain an additional disk used to store the parity of each
transfer. The benefit of this is that each data transfer to the RAID is read back and the parity is
checked against the expected parity. If an individual device fails, that device will be immediately
replaced with the Parity disk. As a result, RAIDs tend to be one of the most reliable types of bulk
storage devices. Today, it is common to see RAID devices that have a capacity of 320 Gbytes,
and are capable of write rates in excess of 200 Mbytes/second.



• Emerging TechnologiesAs the past several years have shown, there is a good deal of
innovation still taking place in data storage technology. These advancements include new media
types, cost reductions (for both the recorder and the media), increases in recording rates, and
significant increases in recording densities. In fact, over the past several years, recording
densities have grown at the rate of approximately 30% roughly every 6 months. An important
consideration to end users is how to stay current with technology trends without assuming the
overwhelming financial burden associated with replacing all of the fielded recorders and dubbing
all of the archived data from the outgoing media to the new media.

Regardless of how one chooses to handle this problem, there is always the a cost associated with
staying current with technologydigital recording systems tend to make this outlay less traumatic.
This is because digital recording systems see bulk storage simply as a peripheral that hangs off of an
industry standard interface. This is true regardless of the type of storage. Therefore, the storage
device itself can get bigger, faster or even change its nature and not impact the recording system.
This very important fact is also true for replaying archived data. As long as the data is digital, and
the storage device has a common digital interface supported by recorder/replayer, a variety of media
types can be archived effectively. DSPCon has had a great deal of success in swapping digital tape
recorders with RAID, JBODS and vice versa. Moreover, DSPCon fully intends to continue to
support new devices as long as these devices are digital and obey open interface standards.

The next section of this paper discusses some popular 1/0 to storage interface standards.

INTERFACE TYPES

Today, there are two different (albeit similar) methods of moving digital data to and from digital bulk
storage devices. The fact that these are standards is very important because, in theory, this makes
replacing one unit from one vendor with another unit from perhaps a different vendor easy. Moreover, in
theory, upgrading a unit to the next generation should be relatively inexpensive. Each of these methods
is described below.

• SCSIA SCSI is basically a parallel bus with address lines that can attach to up to fifteen
devices. A processor (called a host) may initiate a transfer of a block of data to or from any
device on the bus. A SCSI Ultra Wide bus is 32 bits and has a maximum sustained transfer rate
of 40 Mbytes/second. SCSI buses come in two electrical typesSingle-ended and Differential.
The maximum length of a differential SCSI bus is approximately 20 meters--far less for single-
ended. Please note that for each type of device that can be on a SCSI bus (fixed disk, removable
media, etc.), there exists a very well defined and rigid protocol for communication with these
devices.

• Fibre ChannelUnlike SCSI buses, Fibre Channel is a serial interface that can be run up to 10
kilometers. It will support up to 1 Gbit/second. At the time of this writing, several vendors are
already starting to ship 2 Gbit/second devices. There is no practical limit to how many devices
can be present on a Fibre Channel loop. Most importantly, Fibre Channel supports two well-
known protocols; SCSI and TCP/IP.

This turns out to be an incredibly important fact. It means that Fibre Channel can be used for
networking computers together and/or for interfacing computers to bulk storage. There are two
major reasons why this is significant. The first is that since Fibre Channel is a networking
standard, this technology is well supported by hundreds of vendors, and that peripherals,



including switches and 1/0 interfaces, are inexpensive. In addition, there is a great deal of
commercial industry focus for enhancing this technology. The second reason is that people are
now building standard networks that consist of processors and bulk storage devices. As long as
the bulk storage devices have a Fibre Channel interface, they appear to the network as simply
another client device. This is important because it means that the wideband recorder may readily
be connected to many back office networks for data extraction.

APPLICATION EXAMPLE ONE-A 10-CHANNEL, 30 MBIT PCM DIGITAL RECORDER

This system acquires up to ten asynchronous channels of 30 MBits/second PCM data via the DSPCon
model 9100VME digital 1/0 card, which then passes the data to a DSPCon Model 9245 DSP baseboard
where the data is processed and streamed to a Fibre Channel PMC module. Finally, this PMC module
routes the data to a fibre channel switch, which communicates with a workstation and records the data to
a Sony GY-2120, GY-8240 DTF or DTL-7000 recorder. Data can be extracted from the recorder and
routed back out to the source with up to .001 Hz of the recorded input rate.

This system provides the following features:
• Accepts 2, 4, 6, 8 or 10 inputs.
• Each input may be differential RS-422 or TTL.
• Each input is capable of up to 30 Mbits/second.
• IRIG Time Code (IRIG A, B or E).
• A single voice channel.
• All I/O is provided via BNC connectors at the rear of the unit.
• All data is archived to digital tapes (DTF). Since data is stored digitally, the unit only records

data on channels where data is present.
• The unit automatically reacts to data suddenly, appealing or disappearing on channels.
• Storage is scalable; 200 Gbits, 336 Gbits or 1.6 Tbits (combined across all channels).
• Operator controls the unit via a user-friendly Graphical User Interface (GUI), on a standard PC,

which provides the following controls:
• Start record
• Stop record
• Inject Tape Mark
• Inject Comment
• Search to Tape Mark
• Search to time Code
• Eject Tape
• Play

• The GUI also provides the following status:
• Tape Remaining
• Tape Consumed (as a percentage)
• Time Remaining
• Data Rates on Each Channel

• Optional bit syncs.
• Optional replay only capability.
• Optional upgrade capability to comply with IRIG 107



A block diagram of a solution to this application is shown in Figure 2.

Figure 2 – System Block Diagram



APPLICATION EXAMPLE TWOA 14-CHANNEL, 2 MHZ WIDEBAND RECORDER

Using the ideas discussed in this paper, we will present a block diagram of a cost-effective, multi-
channel wideband recorder that can be produced today. The following are a list of hypothetical
requirements for this recorder.

1. The system must have 14 analog input channels.

2. Each channel must contain analog content between DC and 2 MHz.

3. The system must be flight-worthy on a larger aircraft (like a P3).

4. The system must be able to robustly archive all channels for a minimum of one hour, with all
channels recording the maximum bandwidth.

A block diagram of a solution to this application is shown in Figure 3.

The system consists of three physically-separate blocks, each of which are rack mountable in a standard
19-inch rack. Each of the three sections of a standard wideband recorder (as presented in this paper) are
discussed below.

FILTERING AND A/D CONVERSION

Each of the signals of interest are routed from the rear of the box to an input connector of one of two
DSPCon Model 9840 A/D cards. The 9840 is an 8-channel, 16-bit, 35 MHz (maximum per channel)
A/D card with input filtering. This product consumes two, 6U VME slots (per 9840). The first slot



contains all proper analog filtering necessary to remove all aliasing beyond Nyquist. The second half of
each 9840 contains all of the A/D converters (8 per card), digital packing logic, buffering and sample
clock control. The 9840s output their data (only 7 channels in this case) to an industry-standard bus
called an FPDP (Front Panel Data Port). Lastly, please note that the 9840 is capable of accepting and
external input clock. This is important because there is more than one A/D card in the system, and we
want to assure ourselves that all channels are being synchronously sampled.

A data sheet on the DSPCon Model 9840 has been provided in an appendix to this paper.

DIGITAL MULTIPLEXER AND FORMATTER

Each DSPCon Model 9840 presents its data via an FPDP interface to an FPDP interface model on a
DSPCon Model 9245. The 9245 contains a high-speed DSP card that is capable of three concurrent
activities.

1. Using its advanced mathematical core to process the data in real time.

2. Archiving the raw and/or processed data via a Fibre Channel interface module on each Model
9245.

3. Providing the data to the Fibre Channel interface on which a standard host may be attached for
real-time display of the data. Please note that this is shown as an Ethernet connection in the block
diagram.

A data sheet on the DSPCon Model 9245 has been provided in an appendix to this paper.

BULK STORAGE

In order to meet the 140 Mbytes-per-second I/O requirement and the one-hour record duration, a
588-Gbyte RAID has been selected. The size of the RAID is determine as follows

14 Channels * 5 Msamples/SecondlChannel * 2 Bytes/Sample * 3600 Seconds = 504 Gbytes

Please note that all devices are connected together by a low-cost Fibre Channel Hub. This allows
additional protection between the devices if one device were to fail.

READING THE DATA FROM THE RECORDER

There are two ways that data may be “removed” from this system. The more cost-effective of the two is
to hook one or more standard host computers (PC, Sun, HP, etc.) up to the Fibre Channel Hub and
simply read all of the data from it. This may be done at rates up to 200 Mbytes/second.
As an alternative, RAIDs with removable disk packs can be provided. These disk packs come out as a
group and new disks can be inserted in their place (much like a standard tape device).
Please note that there is no reason why both of these techniques cannot be applied together and,
depending on the operational scenario, one method or the other can be chosen.



CONTROLLING THE RECORDER

The entire recorder may be controlled in one of two ways.

1. The 9246A provides a simple push-button display that allows the operator full control of the
recorder mode (Record, Stop, Forward, Rewind, Number of Channels to Record, Sampling
Rates, etc.). A display indicates the mode of the recorder, BIT Status, the amount of data
currently recorded, the amount of space remaining on the recorder, the number of channels being
recorded, and the sampling rate of the A/D.

2. All of the control and status functions provided by the 9246A (above) might also be provided via
a PC host computer connected to the Fibre Channel. This has the benefit of also allowing a large
number of real-time, graphical displays and analysis of the data.
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ABSTRACT

Many high-performance, reconfigurable data functions can now be integrated into a single PCI circuit
board, making possible low-cost and complex systems using PCs or UNIX workstations.  FPGA and PCI
technologies are an excellent match to telemetry applications where commercial off-the-shelf solutions are
desired, but customization is common and performance critical.  A Multifunction Telemetry I/O (MFT)
module was designed to exploit these technologies for both flight test and space telemetry ground systems.
The reconfigurability of the module has facilitated evolutionary hardware enhancements as well as custom
applications. These enhancements have been used both as building blocks for system integrators and for
commercial-off-the-shelf (COTS) graphic setup, processing, archiving, and display software. The MFT
module includes a standard set of telemetry functions: up to two bit synchronizers, an IRIG time decoder,
and two independent telemetry serial input and output channels. The MFT module is also available on a 6U
VME board. This paper describes some of the proven capabilities and applications of this module.

KEY WORDS

PCI Multifunction Telemetry Input/Output, Reconfigurable FPGA, Personal Computer

INTRODUCTION

The demand within the telemetry industry for COTS solutions, particularly those using PC technologies,
evolved during the mid-1990s and directly led to the development of the PCI MFT, which was first shipped
in 1998. Today, the telemetry community is increasingly accepting PCs as core components in ground
systems because of the recent advances in performance and reliability and because of widely adopted
commercial standards. In many cases, PCs are usurping more expensive embedded systems as well as
workstations. For a long time, both PC hardware and software were seen as poor and unreliable
performers and were avoided in any system with the least hint of mission criticality. This started to change in
the mid-1990s with a convergence of technological innovations led by Intel and Microsoft.  The most



significant of these were the Pentium series of multi-processors, the Peripheral Interconnect Bus (PCI bus),
and the Windows NT operating system.

For telemetry systems using the PCI bus, the major challenge is the limitation in card slots. Adopting
technologies designed to save board “real estate,” including field programmable processors (FPGAs) and
packaging technologies such as surface mount, solved this problem.   The result was a board that integrated
most of the functions of up to six boards into one.  The basic standard telemetry functions of the MFT are
bit synchronization, decommutation, simulation, time decoding, tagging and generation, and commanding.

The FPGAs were chosen to be downloadable from disk files. This allows a great deal of flexibility for reuse
of resources on the board by changing internal logic and interconnections in a manner similar to software
(i.e., the board loads from a file and then executes).  This method allows improved customer service
because revisions, new standard features, and customizations can be delivered without returning modules
back to the factory for physical rework. It also allows the deployment of multiple hardware configuration
files that uniquely allocate limited physical resources for different applications.

At transfer rates of up to 132 Mbytes per second, the PCI bus far out-performs its predecessor, the ISA
bus, which tops out at about 8 Mbytes per second, and can be faster then many implementations of the
VMEbus. The PCI bus also implements a rational plug-and-play installation and an arbitrated bus mastering
system that limits the effect of bandwidth-hogging by slow circuit boards. Finally, the PCI bus removes
legacy interrupt and memory mapping limitations.

Today, it is widely believed that new top-end x86 processors are never far behind in performance of
processors in more expensive computers (usually UNIX) and embedded systems. Dual Pentium systems
are widely used now and quad systems are also available.  Multi-processor PCs give the telemetry user
confidence that other processes won’t crowd well-implemented real-time threads.

In addition to hardware improvements, common operating systems have also contributed to the acceptance
of PCs. The Windows NT operating system cut loose of old DOS legacy support while maintaining most
Windows 9x support.  This allowed Microsoft to add important features such as support for multi-
processor systems, multiple users, and protection of the system from application mode program crashes.
Subsequent versions of NT have shown increased stability. The open systems UNIX-derived Linux is also
widely accepted as a stable, multi-processing operating system.

PHYSICAL RESOURCES

The MFT’s simple generic physical architecture can be seen in Figure 1. Most processing functions are
performed by the FPGAs. Connectors, digital transceivers, analog inputs, synthesizers, memory, and a PCI
interface augment the FPGAs.  Daughter (mezzanine) cards were avoided to reduce the costs of extra
board design and interconnect components.



The primary I/O, digital transceivers, and analog inputs are available to the user on the external panel on a
DB50 connector. The parallel port is available on an internal header connector, where connection to a
digital-to-analog converter (DAC) board is facilitated. Another header connector is also available for other
auxiliary signaling.

The digital transceivers are primarily intended to support differential and single-ended serial applications.
For telemetry, this normally means isochronous clock and data signals. The quantity of digital signals was
selected to support two independent input and output channels. However, in some applications, these
signals are reallocated to alternative uses.  Eight TTL and eight pairs of differential signals are scaled for two
pairs of clock and data out and two pairs of clock and data in.

Figure 1.  MFT Physical Resources

Two analog inputs were implemented to support PCM and IRIG time code demodulation. Each channel
can accept a 40 dB signal range and programmable 75-ohm termination. Different FPGA configurations
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A proven COTS chip was selected for the PCI interface. The programmable chip implements all PCI
signaling for both bus slave and mastering transactions. It implements PCI plug-and-play and includes two
bus-mastering DMA engines.

STANDARD TELEMETRY CONFIGURATIONS

Four standard MFT configurations were designed for telemetry applications.  They were designed by
selecting commonly used sets of functions. (Each function usually includes an FPGA core plus some external
non-FPGA physical resources.)  To ensure deterministic behavior in real time, these functions all operate
without host intervention, excepting the transfer of real-time data to and from the host.

Table 1 shows which FPGA function cores are present in each configuration. The configurations are
contained in binary files identified by name (TIO74x.BFC).  The Binary FPGA Configuration (BFC) file
format concatenates all FPGA data together and adds an ASCII header.  Concatenation was preferable to
individual FPGA files because host application software would otherwise be required to unnecessarily sort
out compatibility between various combinations.

Integration of standard telemetry functions can be seen in the generalized logical data flow diagram in Figure
2. Advantage is taken of the powerful signal routing capabilities of the board, unlimited by cables and
proprietary buses. For example, precision time tagging can be performed by the time function through direct
access to the input buffers and in response to asynchronous triggers from the two input channels. This
capability is difficult when the functions reside on different boards.

Table 1. Multifunction Board Configurations

Function TIO745 TIO746 TIO747 TIO748
Bit Sync 1 X X
Bit Sync 2 X
Telemetry I/O 1 X X X
Telemetry I/O 2 X X X
Internal Time
Clock

X X X X

IRIG Time Input X X X

IRIG Time Output X X
Ternary I/O 1 X
Ternary I/O 2 X
Parallel Output X X X
PCI Interface X X X X



Figure 2.  MFT Standard Configuration Data Flow
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STANDARD TELEMETRY FUNCTIONS

Outstanding performance characteristics were obtained from the MFT’s telemetry functions.

Digital PCM bit sync functions operate from 100 bps to 10 Mbps with characteristics that exceed most
other board products. Acquisition and tracking of PCM signals is based on a proprietary 2nd-order phase
lock loop. Bit error rate (BER) test results are shown in Figure 3. BER performance is mostly below 1.5 dB
of theoretical at 10 Mbps per second and improves to a fraction of a dB at lower bit rates.  NRZ bit
acquisition was verified averaging within 10-bit periods at 10 Mbps per second and improving to within 1-
bit period at lower rates, with or without 12 dB of noise. Programmable loop bandwidth, auto-offset, and
auto-gain supporting a 40 dB signal range is included. The same bit sync core has been successfully ported
to a remotely piloted vehicle for receiving commands from the ground.

Telemetry input and output functions support IRIG-106 Class I and common Class II decommutation and
simulation.  Burst and pass-all modes are also supported. The inputs accept isochronous data and clock
signals from the bit sync function, from external TTL or differential signals, from the adjacent output channel,
or from an embedded stream extracted by the other input channel.  The outputs generate TTL and
differential clock and data signals that are optionally PCM encoded or randomized. The I/O channels
support interrupt service routines, polling, and slave and DMA data transfer methods using double buffers
synchronized to data frames or built-in timers. The function cores originated in an ISA board first shipped in
1994. Since then, the functions have been improved and repeatedly demonstrated to transport data without
loss or corruption.

Time functions support IRIG-200, -A, -B, and -G AM modulated time code standards. A 2nd-order phase
lock loop in the digital demodulator locks onto the AM carrier and generates a 1 MHz signal used to drive
the time clock. The digital implementation rejects the noise and distortion commonly found on
instrumentation tapes. A narrow/wide loop bandwidth setting is included, which optimizes the system for
particular circumstances. The narrow setting being best for real-time conditions and the wide being better
for some instrumentation tapes. The AGC loop allows amplitudes from 0.2V to 10V peak to peak to be
accepted. The AM modulator outputs IRIG-A, -B or -G synchronously to the time clock for time
generation and translation applications.

The internal time-of-year clock either runs synchronously to the 1 MHz signal from the AM demodulator
(decode/generate) or synchronously to a 1 MHz independently generated signal with a stratum 3 accuracy
(4.6 PPM) (generate only).  Time of year is kept in a binary-coded decimal (BCD) format. The BCD time
clock is the time-tag source for the telemetry input channels, the AM modulator, and a register that can be
read asynchronously by the host. The time clock performs pulse width modulated (PWM) symbol decoding
from the AM demodulator or from an auxiliary TTL PWM source. It also performs error rejection and
PWM symbol encoding, which can be output to the AM modulator and the auxiliary connector. The
auxiliary feature is used in systems requiring more than one MFT board so that only one time demodulator
needs to be instantiated and to ensure exact synchronization of their otherwise independent clocks.

In a recent space program, the time function design was carefully calibrated to be consistently within ±1
microsecond of the IRIG-B signal generated by a Datum CesiumPlus GPS time decoder/generator.



Comparing the one pulse per second signals coming from the Datum decoder/generator and that coming
from the MFT’s time clock function with a counter timer validates this.

The parallel output port is used to send decommutated words to a digital-to-analog (DAC) card. Raw data
from the telemetry input functions is sent out the port when it is written into the data buffer.

Playback of archived data to DACs while preserving the original timing is difficult in some systems.  This is
not a problem for the MFT, where all data can be recorded in real time using pass-all mode to a file. Data
can be played back through an MFT output channel in continuous streaming mode and the output can be
looped back to an input channel configured for decommutation and output to the DACs. In applications
requiring real-time decommutation and display, one channel can be set up in pass-all mode for archiving and
the other can be set up in sorted or tag-data mode. The input signal can then be daisy chained to both
channels (see Figure 3).

Another problem for some systems is DAC output of real-time processed data due to variable latency in
processing. This is particularly problematic with non-embedded systems like PCs. A unique capability of the
MFT is support for time-coherent output of host-processed data to the DACs. When this feature is
enabled, part of the telemetry input buffer is configured to output extra data to the parallel port.  A
processed data word is sent to the parallel port when the same words from a later frame are written. A
constant latency can be maintained for processed DAC output because the input channel demands it. The
user must set a fixed delay in buffer times for the channel between the raw input and processed DAC output
to ensure that the worst-case processing time cannot exceed it.

Ternary functions support SGLS standard format (1, 0, S) for commanding applications. Command packets
are sent in a burst mode.  The timing implicit in the packet is maintained at the output. Between packets, the
board automatically transmits NULLs. An integral feature is dibit to ternary and ternary to dibit conversion.

EXAMPLE OF AN MFT SATELLITE APPLICATION

A ground system was constructed using PCs and MFTs for a commercial satellite venture. The system
consists of a mission control center (MCC) and remote ground terminals (RGTs) located around the globe.
Operators at the MCC issue commands to satellites via one of the RGTs where they are transmitted on the
S-band.  The X-band telemetry downlink includes a 256 kbps data stream on the main carrier and a
variable 4 kbps/8 kbps data stream on a subcarrier. The two telemetry streams are routed back to the
MCC via the RGTs and are also stored locally. Dedicated links are in place between the RGTs and MCC.
Using the TCP/IP protocol, the components of the ground system are networked together for data transport
and maintenance.
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Figure 3.  Typical MFT BER Performance

Two MFT boards are installed in each RGT PC. One receives the two encrypted or non-encrypted
telemetry downlink streams. Application software takes the pass-all data from the two channels, archives it
locally, and sends it over the network to the MCC. The two output channels are used to transmit simulated
downlink data. The transmitted data is looped back to the inputs for testing. The other MFT at the RGT is
connected to a SGLS modulator and demodulator. This MFT is configured with ternary functions.



Application software receives encrypted or non-encrypted commands from the MCC and sends them out
the ternary output channel to command the satellites. The input channel receives the non-encrypted data in
an RF loopback for echo checking. The received ternary commands are sent back to the MCC for
comparison verification.

Two MFT boards are also installed in the MCC PC. The first board is connected to two decryptors.
Application software at the MCC receives the two telemetry downlink streams from the RGT. If encrypted,
the data is sent out the two output channels to the decryptors. The input channels receive and frame
synchronize the clear data returned from the decryptor. The second MFT board is connected to a
command encryptor. The MFT is configured with ternary functions. The application software sends unencrypted
commands to the encryptor and receives them back, encrypted, on the MFT’s input channel. The software

then sends the encrypted commands to the RGT via the network for transmission to the satellite (see Figure
4).

Figure 4.  Custom Production Test System
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configuration for generating eight required signals. The output signals vary in data and timing content from
test to test. Three data streams are generated. Data rates for most tests are at 6 Mbps for one stream and
12.288 Mbps each for the others. Another normally 80 Hz strobe output signal is generated and used to
coordinate the data output of the streams. Two streams burst data identically, but the third is different,
making predictable and reliable timing of the bursts the critical design challenge.

In a full test cycle, three steps are required. First, test data files are generated using a custom C++ program
according to the needs of the test from text instruction files created by the customer. The test files contain
data values and timing information that will be sent to the missile’s telemetry section. In the second step, the
MFT signal simulator and the standard decommutators are enabled. The signal simulator host interface was
designed to be compatible with a standard telemetry output mode so that COTS software could be used in
this real-time step. A host process writes data to the signal simulator MFT as it reads it from the test file.
Another process writes data to an archive file as it receives it from the decommutators. In the final step,
another custom C++ program compares the archive file to the test file using rules set by the operator. If the
comparison is successful, the device under test is considered to have passed the test. Otherwise, the reports
from the custom program are used to help debug the problem.

The signal simulator FPGA implementation does not use standard functions because of the uniqueness of the
application. Data flow is split in two on the MFT from a single pair of data buffers and processed
separately. This reflects the application’s requirement for the two timing streams. The processes run at
different clock rates but are synchronized by the 80 Hz strobe. Each process separately parses the buffer
for data and timing information relevant to its output stream.   The result is a system where robust simulation
timing and data can be changed using simple ASCII files and without the need to reprogram the FPGAs.

CONCLUSION

Extensive experience with the PCI MFT board has proven it reliable and robust in a variety of demanding
applications. The board has been integrated with L-3’s COTS software and customer software in both test
and operational environments. The MFT’s success in meeting both high-performance and small size design
goals was facilitated by the use of FPGAs, PCI, and new packaging technologies. The MFT’s host interface
has proven to be easy to program, even for multi-threaded, multi-processor applications.  Operating system
drivers were created both at L-3 and by customers for Windows NT, Linux, SGI, and others.  These
operating systems all work well, but vary in difficulty of implementation. Bit sync BER performance, time-
tagging precision, and data transfer are on par with many more expensive systems.
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ABSTRACT

Design, performance Test and Evaluation (T&E) of a novel smart diversity receiver, based on Feher
Diversity∗  (FD) patents over multipath, fast dynamic frequency selective fading channels is
presented.  A hardware simulator for construction of a frequency selective fading channel has been
implemented in laboratory to resemble a telemetry aeronautical channel model, namely the two-path
channel model.  As an illustrative example, the block error rate (BLER) of a 1 Mb/s rate IRIG 106-
00 and CCSDS standardized Feher’s patented quadrature phase shift keying (FQPSK) [1][2] with
and without diversity in multipath frequency selective fading channels has been tested and evaluated.
The experimental results clearly indicate significant performance improvement with the proposed
diversity technique even in cases of severely distorted channels.

KEY WORDS

Smart Diversity Receivers, Multipath Frequency Selective Fading, Feher’s Patented Quadrature
Phase Shift Keying (FQPSK), Feher Diversity.

INTRODUCTION

Within the large class of smart wireless system developments, the described FD is a technique which

                                                
∗  Significant parts of the material in this publication are based on Aflatouni’s thesis, Feher et al. patents [1], and other
materials which remain property of the authors.



 employs a Non-Redundant Error Detection (NRED), also known as pseudo-error on-line monitoring
/ detection for control signal generation of the diversity branches [1]. The described techniques are
suitable for a large class of signals including but not limited to Feher patented GMSK, SOQPSK,
FQAM, FQPSK and for other systems such as non-coherently demodulated PCM/FM.
Non Redundant Error Detection (NRED) based FD is used to choose the best receiver diversity
branch with the lowest BER while traditional receiver diversity systems that are based on received
signal strength measurement techniques choose the branch with the larger C/N ratio even though its
performance due to selective fading could be inferior than that of the branch with the lower C/N.
This technique is the fastest evaluation technique and leads to hitless choice.  By means of pseudo-
error detection the error rates that would result from the various available choices (diversity
branches) are estimated and compared to select the best change to be made at any time. It could also
be demonstrated that for typical aeronautical telemetry RF frequency selective fading channels,
having delay spread in 20-200 ns range, the presented receiver diversity technique has significant
advantages over other techniques such as adaptive equalization.
In the first part a brief description of the fade simulator as well as the constructed hardware are
presented.  Pseudo-error detection is introduced in the second part.  The implemented hitless switch
is described in the third part and the experimental results are presented in the forth part of this paper.

TWO-PATH FADE SIMULATOR CONSTRUCTION

A multipath channel is characterized by more than one path between the transmitter and receiver
antennas.  One that is often considered in many radio channels is a LOS communication link
accompanied by L reflected replicas of the transmitted signal from other links.  In most applications,
the accuracy of the model improves with increasing L but models with large L limit practical value
in simulation and analysis.  A good model [5][6] for the aeronautical telemetry channel consists of a
LOS signal accompanied by a single strong reflection with attenuation Γ ( 0 ≤ Γ <1) whose delay τ
relative to the LOS signal is in the range of 20 to 200 nanoseconds (L=1, i.e. two-path model).
Figure 1 shows the two-path fade simulator hardware implementation that has been used in the
laboratory for this experimental work.
Variable attenuator 1 is used to control the fading notch depth and attenuator 2 in secondary path
realizes the fading simulator with either a minimum phase or a non-minimum phase.  The delay
controls the distance between notches as well as the notch position.  The phase shifter is used as the
variable delay device and is controlled by a sinusoidal with dc offset.
Figure 2 shows a normal received spectrum of a 1 Mb/s FQPSK and Figure 3 shows a distorted
spectrum of a 1Mb/s FQPSK that has been generated by the above fade simulator.

PSEUDO-ERROR MONITORING / DETECTION TECHNIQUE

In the proposed method in this paper, the best diversity branch with the lowest bit error rate (BER) is
selected.  A pseudo-error detector can be successfully used for the measurement of the BER of a
digital communication link.  Pseudo-error detection techniques remove the shortcomings of the long
evaluation time and requirement to interrupt data traffic and redundancy [7][8].  A pseudo-error
detector is implemented in the form of a second detector, which is intentionally more



Figure 1) A simple hardware implementation of a two-path fading model

Figure 2) Undistorted spectrum of a 1Mb/s FQPSK

Figure 3) Distorted spectrum of a 1Mb/s FQPSK due to multipath propagation
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perturbation sensitive i.e. for a specified signal to noise ration (S/N) or ISI or other impairments it
introduces more errors than the primary signal path detector [3][4].  Figure 4 shows the block
diagram of the implemented pseudo-error detector in the laboratory.  In this method threshold th2 in
the secondary path is set higher than threshold th1 in the primary path (shifted threshold method) to
achieve the degraded performance as mentioned before.

HITLESS SWITCH IMPLEMENTATION

A simple hitless diversity switch has been implemented and tested in laboratory.  Figure 5 shows the
block diagram of this hitless switch.  Two diversity branches have been assumed for this research.
Data 1 and Data 2 are outputs of the demodulators in first and second diversity branches.  This
switch is controlled by the output of the pseudo-error detector.

PRELIMINARY HARDWARE TEST AND EVALUATION RESULTS

Although preliminary hardware test and evaluation results indicate substantial performance
improvement with the utilization of the proposed diversity technique, the final measurement results
were not available by the deadline of submitting this paper.  The final test and evaluation results will
be presented at the ITC 2001 conference.  Figure 6 illustrates estimated block error rate (BLER)
measurement results with two diversity branches and without diversity for a 1 Mb/s FQPSK system.

CONCLUSIONS

The proposed novel low-complexity smart receiver diversity technique offers substantial
performance improvement in frequency selective faded channels.  Due to simple implementation of
the presented technique compare to other diversity branch combining methods such as maximal-ratio
combining and equal-gain combining methods, using the bit error rate as a performance criteria in
choosing the best diversity branch, and also employing pseudo-error detector to eliminate
redundancy and long evaluation time, this method is very suitable for dynamic fast frequency
selective fading environments



Figure 4) Pseudo-Error Detector Block Diagram

Figure 5) Hitless Switch Block Diagram
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Figure 6) Estimated Block Error Rate (BLER) as a function of available Eb/No (dB) is illustrated
with two diversity branches and without diversity for a typical selective fading environment.
Numerical values were left blank intentionally as the actual measurements were not completed by
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ABSTRACT

A new class of non-coherent detection techniques for recently standardized Feher patented
quadrature phase-shift keying (FQPSK) systems is proposed and studied by computer aided
design/simulations and also verified by experimental hardware measurements.

The theoretical concepts of the described non-coherent techniques are based on an
interpretation of the instantaneous frequency deviation or phase transition characteristics of
FQPSK-B modulated signal at the front end of the receiver. These are accomplished either
by Limiter-Discriminator (LD) or by Limiter-Discriminator followed by Integrate-and-
Dump (LD I&D) methods. It is shown that significant BER performance improvements can
be obtained by increasing the received signal’s observation time over multiple symbols as
well as by adopting trellis-demodulation. For example, our simulation results show that a
BER=10-4 can be obtained for an Eb/N0=12.7 dB.

KEYWORDS

Feher patented QPSK or FQPSK, Non-coherent detection, Multiple symbol observation,
Viterbi detection, Maximum likelihood sequence detection.
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I. INTRODUCTION

Multiyear studies by the US Department of Defense (DoD), NASA, AIAA, and the
International Committee Consultative on Space Data Systems (CCSDS) confirmed that
FQPSK technologies [1-7] offer the most spectrally efficient and robust (smallest
degradation from ideal theory) BER performance of NLA-RF power efficient systems.

For coherent FQPSK-B detection, an Eb/N0=9.8dB is required for a BER=10-4 if simplest
symbol-by-symbol detection is used. For FQPSK-B with trellis decoding using Viterbi
algorithm, for BER=10-4, reduced Eb/N0=9.1dB is required [8]. These NLA requirements of
FQPSK-B are 1.4dB and 0.7dB worse than that of ideal theoretical QPSK operated in a
linear amplified system, respectively [5], [8]. However, since phase noise caused by
oscillators and frequency synthesizers, and relatively large Doppler spread [2], [9] may
degrade the performance of relatively low bit rate coherent demodulators and may increase
the synchronization time, non-coherent detection is preferable for certain mobile
applications [10].

In this paper, eight non-coherent detection techniques for FQPSK-B signal are proposed and
their BER performance in a Gaussian channel is compared using a simulation study as well
as hardware evaluation. In the next section, Section II, we summarize the analysis of non-
linearly amplified FQPSK-B modulation with non-coherent detection. In Section III, eight
non-coherent detection techniques for FQPSK-B signal are presented. Section IV contains
simulation results, hardware measurements and discussion. Finally, Section V presents the
conclusion.

II. FQPSK-B MODULATION ANALYSIS FOR NON-COHERENT DETECTION
PROPOSAL

In the FQPSK-B modulator, the amplitude parameter A of the cross correlator is chosen to
21  for the modulated signal to have quasi-constant envelope. This quasi-constant

amplitude characteristic of FQPSK-B signal allows us to interpret it as a continuous phase
modulation (CPM) [11]-[13]. The interpretation of the FQPSK signals as a non-quadrature
CPM [11]-[13] allows us to detect FQPSK-B modulated signal non-coherently by
differential decoding of the I and Q channel data, separately.

Observations 1 and 2 of References [11]-[13], allow us to use limiter-discriminator (LD)
detection scheme for non-coherent detection with the instantaneous frequency deviation
characteristic. And the observation 3 allows us to use differential detection of phase change
or limiter-discriminator followed by integrate-and-dump (LD I&D) detection schemes for
non-coherent detection with the characteristic phase transition at Tb interval.

III. NON-COHERENT DETECTION TECHNIQUES FOR FQPSK-B SIGNALS

FQPSK-B signal can be detected symbol-by-symbol using LD detection (Method 1). Both
observations 1 and 2 in References [11]-[13] allow us to detect FQPSK-B signal using 3-
level frequency discrimination, i.e., fÄand0,f,Ä −+ .



In addition, differential decoders in respective I and Q channel data are required for non-
coherent detection techniques for FQPSK-B signals. Differential decoding has a problem of
error propagation. Thus, a special encoding scheme called quadrature differential encoding
(QDE) is proposed to solve this problem. This is to encode differentially for the I, Q channel
data separately. It is represented in (1).

( )

.xyy

,xyy
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                                  (1)

Here x is the NRZ input data and y is the QDE output and ⊕ means modulo-2 addition. The
IRIG 106-00 standardized FQPSK-B specifies also the use of a differential encoder [7]. This
is somewhat different from QDE. However, QDE is equivalent to cascaded pre-coding
differential encoder (PDE) and differential encoder in the IRIG 106-00 standard, as shown
in . PDE is represented in (2).

n1n xyy ⊕=+ n                                           (2)

Here x  is the inversion of NRZ input data and y is the PDE output and ⊕ means modulo-2
addition.

QDE

Data

FQPSK-B modulator,
which doesn’t have
differential encoder

PDE
IRIG 106-00 standardized

FQPSK-B modulator, which
has differential encoder

Modulated signals
are identical

Fig. 1. Relationship between QDE, PDE and differential encoder, which is defined in
IRIG 106-00 standard [7].

Note that if QDE is employed, then very simple receiver structure can be obtained, as shown
in Fig. 2, which also gives better BER performance.

BPF
RF&IF
Stage Limiter

Frequency
Discriminator LPF Output

Data

Sampling
rate = 1/Tb

ADC

2-Threshold
Decision

ÄfÄf =+

ÄfÄf =−
0

Fig. 2. Receiver structure based on LD followed by symbol-by-symbol detection for QDE
FQPSK-B signal.

Also, it is noticed that only certain combinations of phase changes of FQPSK-B modulated
signals are allowed, i.e., FQPSK signal has memory. In this case, it is well known that the



detection based on multiple symbol observation performs better than symbol-by-symbol
detection [14], [15].

As described in References [1] and [11]-[13], N+3 data sequence is required to get an
instantaneous frequency deviation vector that is composed of “N” instantaneous frequency
deviation components. This means that many of the input vectors in L-space are mapped
into the identical vector in m-space. As the symbol observation interval increases, the ratio,
m/M, of number of the allowed instantaneous frequency deviation vector to the total number
of random combinations of symbol-by-symbol data (3 level in our case of Section II)
reduces significantly. This means that the correction ability for the erroneous LD output
value improves significantly.

Three detection techniques with multiple symbol observation are studied in our work, i.e.,
multiple symbol observation and middle bit decision (Method 2), multiple symbol
observation and majority voting (Method 3), and maximum likelihood sequence detection
(MLSD) [16] with multiple symbol observation (Method 4).

Also, it is well known that integrate-and-dump (I&D) detection can give better BER
performance than simple sampling based one [17]. Thus, we expect better BER from
integrate-and-dump of LD output signals, which is nothing but the phase transition. In the
Reference [11], it is shown that when differentially encoded bit 0 is transmitted, the absolute
value of the sum of two-phase transition values between t=(n-1)Tb and t=(n+1)Tb interval is

less than or equal to 4
π

, and it is larger than 4
π

 when 1 is transmitted. Thus transmitted
data can be detected on a symbol-by-symbol basis from the observation of the total phase
transition in 2Tb period. It is the LD I&D followed by symbol-by-symbol decision, i.e.,
Method 5.

Likewise in LD based detection techniques, the multiple phase transition observation
method can improve the performance of LD I&D detection. There are also 3 methods,
multiple phase transition observation and middle bit decision (Method 6), multiple phase
transition observation and majority voting (Method 7), and MLSD with multiple phase
transition observation (Method 8).

IV. SIMULATION RESULTS, HARDWARE MEASURMENTS AND
DISCUSSION

To show the bit error rate (BER) performance of the proposed non-coherent detection
techniques, MATLAB simulation is performed using baseband equivalent model [18]. The
receiver BPF, which is implemented with equivalent LPF in the MATLAB, is the phase
equalized 4th order Butterworth filter, BTb = 0.5. The LPF of LD output signals is raised
cosine filter with roll-off factor = 0.5 and –6dB bandwidth = 0.42*1/Tb. Hard limiter is
assumed to approximate the non-linear amplifier in the transmitter. And, ideal symbol
synchronization is assumed.

Fig. 3 presents the BER performance of the various detection techniques with LD scheme.
The number of observed symbols is chosen at N=5. The LD followed by symbol-by-symbol
decision scheme suffers as large as 9.5dB degradation at BER=10-4 from the best symbol-
by-symbol coherent detection [5]. But this degradation decreases significantly as we
increase the observation time. Middle bit decision, majority voting, and MLSD based on 5-



symbol observation leads to 5.3dB, 4.6dB, 3.8dB degradation at BER=10-4 compared with
best symbol-by-symbol coherent detection of FQPSK-B performance.

Fig. 3. BER performance of LD-based non-coherent detection techniques.

Fig. 4 shows the BER performance comparison of different symbol observation intervals
with LD followed by multiple symbol observation and middle bit decision scheme. It is
shown that the performance is increased as the symbol observation interval increases, as
shown in Section III.
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Fig. 4. BER performance of LD followed by multiple symbol observation and middle bit
decision with various symbol observation intervals.



Fig. 5 represents the BER performance of the various detection techniques with LD I&D
scheme. The number of observed symbols is chosen at N=5. The LD I&D followed by
symbol-by-symbol decision scheme suffers 8.6dB degradation at BER=10-4 from the best
symbol-by-symbol coherent detection of FQPSK-B performance. But this degradation
decreases significantly as we increase the observation time. Middle bit decision, majority
voting, MLSD based on 5-symbol observation leads to 5.6dB, 4.7dB, 2.9dB degradation at
BER=10-4 compared with best symbol-by-symbol coherent detection of FQPSK-B
performance.

Fig. 5. BER performance of LD I&D-based non-coherent detection techniques.

However, simulation results are not optimized.

To measure the non-coherent detector output of FQPSK-B signal, the simple non-coherent
detector is implemented, which is presented in Fig. 6. In the experimental system, the data
rate is 1 Mb/s, the carrier frequency of transmitted signal is 70 MHz, the delay time for the
non-coherent detection is about 35nsec, i.e., about 1/30 of bit period, and the   -3dB
bandwidth of Butterworth LPF is 420kHz.



RF Networks
5450F

FQPSK-B MODEM
(modulator)

Amplifier

Power
splitter

Delay line
τ ≈ 35nsec

4 th order
Butterworth LPF,

-3dB Bandwidth = 420kHz
Oscilloscope

Data rate: 1Mb/s
Carrier frequency: 70MHz

Attenuator

Simple non-coherent detector

Random bit
generator PDE

Fig. 6. Implemented non-coherent detector block diagram for non-coherent detector output
measurement.

The implemented non-coherent detector is an approximate model of the limiter-
discriminator detector with small delay time, i.e., τ ≈ 35nsec ≈1/30*Tb. The measured time
patterns of detector output are compared with the computer-generated patterns as shown in
Fig. 7. It is noticed that the measured and generated time patterns are similar to each other.

0.0 2.0µ 4.0µ 6.0µ 8.0µ 10.0µ 12.0µ 14.0µ 16.0µ 18.0µ 20.0µ

 

 

Time ( sec. )

Fig. 7. Measured time patterns (upper) and computer-generated time patterns (lower) of
non-coherent detector output. In the measured photos, the horizontal scale is 2µsec/div,
upper signal is transmitted NRZ data and lower signal is non-coherent detector output.
And, the data rate is 1Mb/s, the carrier frequency of transmitted signal is 70MHz, and -
3dB bandwidth of post frequency discrimination LPF is 420kHz.

V. CONCLUSIONS

Based on the CPM based interpretation, we have proposed eight non-coherent detection
techniques for FQPSK-B. It is shown that the BER performance of the LD and LD I&D-



based non-coherent detection techniques improves significantly using the inherent memory
in the FQPSK-B modulated signal phase, i.e., multiple symbol observation followed by
middle bit decision, majority voting, and MLSD.

Simulation results show that LD followed by MLSD with 5-symbol observation performs
BER=10-4 at Eb/N0 =13.6dB. In addition, LD I&D, followed by MLSD with 5 phase
transition observation, performs BER=10-4 at Eb/N0 as low as 12.7dB. These non-coherent
receivers suffer 3.8dB, 2.9dB degradation at BER=10-4 from the best symbol-by-symbol
coherent detection of FQPSK-B performance, respectively.
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THE FLEXIBLE INTEROPERABLE TRANSCEIVER
DATA LINK STANDARD - A SOLUTION FOR

INTEROPERABILITY AND SPECTRAL EFFICIENCY
FOR THE T&E AND TRAINING RANGES
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AEgis Technology Group, Inc.

Terrance J. Hill
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ABSTRACT

The greatest threat to the DOD Test and Training Test Centers is the loss of the Radio Frequency (RF)
spectrum used in transmitting digital data generated by the test instrumentation during the evaluation of
weapon systems. The T&E ranges use the RF spectrum for data generated by status reporting,
GPS/TSPI, telemetry, target control, range safety, situational awareness, video, voice communication,
etc. In the past the ranges developed their data links independently of one another. The Flexible
Interoperable Transceiver (FIT) Data Link Standard identifies protocols and technology that provides for
interoperability and spectral efficiency, and can be applied to most RF transmission requirements at the
test ranges and training centers.

KEY WORDS

Data Link, Protocols, Spectral and Bandwidth Efficiency, Interoperbility, Instrumentation

INTRODUCTION

Over forty different types of RF data links are used today at DOD test and training ranges, for position
status reporting, situational awareness, and control of assets. Twenty-eight (28) T&E and twenty-two
(22) training ranges were surveyed for their data link capabilities and applications. It was concluded that
most of the data link requirements could be satisfied with a single type of data link, appropriately
tailorable and flexible. The Flexible Interoperable Transceiver (FIT) project was chartered by DOD
Central Test and Evaluation Investment Program (CTEIP) to develop a standard that defines that
common data link. The FIT project is one of two OSD directed projects providing solutions for the
frequency encroachment problem.

THE FIT DATA LINK STANDARD

The FIT project has develop a Joint (Mutual) Data Link Standard that identifies signals, formats and
protocols for interoperability of transmitting digital data via radio networks from ground-to-ground,
ground-to-air and air-to-air. It also incorporates advanced, but cost-effective, techniques for improving
spectral efficiency. The datalinks developed from this standard will provide general purpose common
RF capability that can be used in a wide variety of military test and training applications such as
reporting time-space position information (TSPI), transmitting vehicle data information, target control
signals, flight termination commands, video transmissions, telemetry data, timing and voice



communication. The transceivers procured using the FIT Standard will be highly tailorable in both
hardware and software to optimize each application, provide the latest technologies for spectrum
efficiency and assure efficiency and interoperability at and between ranges.

To achieve interoperability, the FIT Data Link Standard identifies the protocols/parameters necessary to
allow one FIT configured transceiver to “talk” to another FIT configured one. The high-level
interoperability protocols/parameters are (1) modulation type, (2) error coding, (3) header
format/structure, (4) message format/structure, (5) timeslot architecture, and (6) relying/controlling
scheme. To achieve spectrum efficiency, the Standard specifies the following techniques: (1) Shaped
Offset Quadrature Phase Shift Key (SOQPSK) modulation, (2) error detection and forward error
correction coding, (3) Time Division Multiple Access, (4) time/frequency/spatial diversity.

The following are brief explanations of the Standard’s high-level interoperability protocols/parameters:
1. Modulation type - The modulation defines the method by which the data causes the amplitude,

phase, or frequency of the RF carrier to vary. Use of a single modulation type is required among
transceivers that are meant to “talk” to each other. The modulation makes the signal very
distinctive and will only be received with a radio that has an identical modulation type.

2. Error coding - this is method to insert and then “read” redundant information into the data
stream which the receiver process to detect and/or correct transmission errors.

3. Header structure - headers are configured to a total finite bit length with specific information in
various bit lengths inside the header. Only other receivers configured with similar header format
can receiver the message

4. Message structure - each message that is transmitted is configured with common structure and
control fields. The message can contain different amounts of information but must have the
same segments in same sequence to be recognized by the receiver.

5. Timeslot Architecture - The timeslot architecture is into a certain number of time slots per
second. Each time slot is assigned to a particular user or terminal in the network.

6. Relying/controlling scheme - Through the controlling software, each transceiver is assigned
relay task. These are program dependent and can be configured to the mission scenario.

The following are brief explanations of the techniques in the Standard for spectrum efficiency:
1. SOQPSK modulation - this constant envelope modulation technique based on MIL-STD 188 is

at least 2 time more efficient than the MSK or other similar types used at the DOD ranges.
SOQPSK has excellent sidelobe falloff allowing packing adjacent signals with out interference.
(See Figure 1)

2. Forward error correction - This improves the quality of the received data and can allow using
reduced power or higher information transmission rate.

3. TDMA - eliminates interference between users or terminals operating on the same frequency
channel.

4. Time/Frequency/Spatial diversity - this allows duplication of a single message at more than one
time or frequency. Diversity is very effective in mitigating multipath, antenna screening, and
other forms of data dropouts.

The FIT Data Link Standard also requires that transceivers be designed in modular form with
programmable software. This allows the transceivers to be extremely flexible and can be configured for
specific program needs. Transceivers can tune over several wide bands (e.g. 200-450 MHz, 1350-1525
MHz), selectable by choice of RF heads.



Figure 1.  Power Spectral Density Curve

Nova Engineering in Cincinnati, Ohio has validated the Standard. They first developed an engineering
model and engineering model and two breadboard transceivers built to the protocols and technologies
specified in the FIT Standard and demonstrated point-to-point transmissions. During this phase they also
developed the Shaped Offset Quadrature Phase Shift Key (SOQPSK) modulation that improves
efficiency over twice of now fielded units [details of this modulation technique can be found in the ITC
2000 Proceedings, Session 2, Advanced Data Links 00-02-05, titled: An Enhanced Constant Envelop
Interoperable Shaped Offset QPSK (SOQPSK) Waveform for Improved Spectral Efficiency]. Below is a
comparison between SOQPSK, the proprietary Feher-patented QPSK and the presently used MSK
(Figure 2).



Figure 2.  Compared Power Spectral Density Curves

In the next phase, Nova developed the controlling software and fabricated 3 more breadboards. This
allowed them to demonstrate the relaying/networking capabilities of the Standard with 6 “players” at
their facility in Cincinnati, Ohio. Testing in “real world environments” will follow using all of the
fabricated prototype transceivers. Below is a picture of the FIT rack mounted breadboard FIT compliant
transceivers:

Below are the components in the above rack that make up the FIT breadboard prototype
transceivers:



THE FIT COMPLIANT TRANSCEIVERS

The transceivers that are fabricated using the techniques and protocols of the Fit Data Link Standard will
have the following characteristics:

1. Layered Transceiver Architecture - Modular: multiple RF heads, I/O interfaces, power supplies;
custom software; high degree of automated control, over-the-air reconfiguration

2. Multi-band and Tunable - Use of different RF heads allow unlimited tuning range
3. Spectrally Efficient: Narrow signal bandwidth; efficient modulation with excellent sidelobe

rolloff, highly automated to sense and react to EMC problems
4. Time Division Multiple Access and TX/Rx Switching
5. Tailorable Space, Frequency, Time and Antenna Diversity
6. Variable output Power levels/Ranges
7. Automatic or Pre-configured relaying and control

NEW RCC DATA LINK STANDARD

The Electronic Trajectory Measurements Group (ETMG) of the Range Commanders Council (RCC) are
converting the FIT Data Link Standard into a (RCC) Standard. It will be updated and maintained by
them. They also will add procedures and acceptance checks that will assure compliance to the RCC
created Standard. When a range would need a new or updated transceiver, it would develop systems
specifications from its user requirements, add the FIT/RCC Standard as part of the RFP and procure a
radio that would have the protocols and techniques incorporated in its design. Any transceiver that was
procured in this method would have to pass the checks in the RCC Standard before it would be accepted
and become part of the DOD systems.



CONCLUSIONS

The FIT Data Link/RCC Standard is the only DOD developed procedure to help the T&E and Training
community address the continuing battle of requiring more data through put transmitted in the ever-
limited RF spectrum. The use of the FIT Data Link Standard to construct new transceivers for use at the
test & training ranges will result in new levels of versatility and interoperability that will be several time
more efficient than present equipment. The unit and life cycle cost will be reduced as well as being more
efficient in the limited spectrum available for DOD.
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ABSTRACT

Shaped Offset QPSK (SOQPSK) has been shown to be nearly identical in performance to Feher-

patented FQPSK, which is the Advanced Range Telemetry (ATRM) program's Tier I waveform.

Multi-h CPM has been selected as the ARTM Tier II waveform, because it offers 50% better spectral

efficiency than the Tier I waveform.  Both the Tier I and Tier II waveforms must operate in a

multipath channel in order to meet the range community's telemetry requirements.  This paper

presents an analytical and experimental characterization of SOQPSK and Multi-h CPM in the

presence of multipath.  Quantitative results are presented which demonstrate the relative robustness

of the ARTM Tier I and Tier II waveforms, in channels representative of a typical range

environment.
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INTRODUCTION

The objective of the Advanced Range Telemetry (ARTM) project is to find means of transmitting

more telemetry data in less bandwidth, including, among other approaches, the development of

spectrally efficient modulation techniques.  Feher-patented FQPSK has been adopted as the Tier I

ARTM waveform because it offers approximately twice the data capacity of traditional PCM/FM in

the same bandwidth.  Offering triple the data capacity of PCM/FM, multi-h CPM has been selected

as the ARTM Tier II waveform.



While conservation of increasingly scarce spectrum is a seemingly desirable goal, there are reasons

that such a strategy might not provide the anticipated improvements in overall data capacity.

Multipath propagation effects, in particular, have the potential to reduce data integrity.

Heuristically, one might expect that, since spread spectrum waveforms offer a measure of multipath

mitigation, decreasing the bandwidth of the modulated signal might increase susceptibility to

multipath effects.  Conversely, the Tier II multi-h CPM waveform has significant “memory”, and is

recovered by means of a trellis demodulator, which one might expect to provide a modest measure

of multipath mitigation, in a manner akin to trellis (Viterbi) decoding of a convolutional code.

While an exhaustive exploration of the multidimensional multipath parameter space is beyond the

scope of this paper, we provide a preliminary answer to these questions for a limited set of channels.

WAVEFORM DEFINITIONS

As stated above, Feher-patented FQPSK is the ARTM Tier I waveform, and it would be desirable to

include FQPSK results in the present paper.  Unfortunately, FQPSK is a proprietary modulation

whose details are not known to the author.  However, Shaped Offset QPSK (SOQPSK) has been

previously shown [1, 2, 3, 4] to be nearly identical to, and interoperable with, FQPSK.

Consequently, we will use SOQPSK as representative of the Tier I waveform, for the results

presented here.

SOQPSK describes a family of constant-envelope modulations, all of which are a derivative of, and

interoperable with, the SOQPSK waveform defined in MIL-STD-188-181 and 188-182.  In general

terms, all members of the SOQPSK family can be thought of as offset QPSK, modified so that the

90-degree phase transitions are smooth, and always on the unit circle.  The particular variant of

SOQPSK considered here is SOQPSK-A as defined in [1], [2], [3], and [4].

While the ARTM Tier I modulation occupies approximately half the bandwidth of the ubiquitous

PCM/FM waveform, the multi-h CPM Tier II waveform collapses the spectrum even further, to

approximately one-third of PCM/FM.  This modulation has been previously defined and analyzed in

[5].  Like SOQPSK, multi-h CPM is a very large family of modulations.  Our analysis here is

restricted to the M=4, 3RC, h = 4/16, 5/16 version described in [5].  The power spectral densities of

some relevant modulations for telemetry use are presented in Figure 1.



Telemetry PSD

-80

-70

-60

-50

-40

-30

-20

-10

-2.0 -1.5 -1.0 -0.5 0.0 0.5 1.0 1.5 2.0

Frequency (Bit Rates)

d
B

c 
in

 3
 k

H
z 

B
an

d
w

id
th

PCM/FM
SOQPSK-A

Multi-h CPM (ARTM Tier II)

PCM/FM

SOQPSK-A

Multi-h CPM

Figure 1.  Power Spectral Density for PCM/FM, SOQPSK-A, and ARTM Tier II waveform.

EXPERIMENTAL TECHNIQUE

A block diagram of the test configuration is depicted in Figure 2.  The multipath channel being

modeled is a simple two-ray configuration, with a complex reflection coefficient, ρ.  Therefore the

impulse response of the channel is given by

h(t) = 1.0 * δ(t) + ρ * δ(t-τ)

where δ(t) is the unit impulse function, and the frequency response is given by

H(ω) = 1 + ρ ∗ e −jωτ



Such a channel has a periodic frequency response, with a period of 2π / τ  radians per second, and a

peak-to-null amplitude ripple of 20 log ((1 + |ρ|) / (1 – |ρ|)) in dB.  The phase angle of ρ affects only

the relative shift of the frequency response on the frequency axis.
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Figure 2.  Experimental Test Configuration.

The magnitude response of the channel h(t) = 1.0 * δ(t) + (0.1 + j0.35) * δ(t-1.5 Tb), where Tb is the

bit period, is shown in Figure 3.
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SIMULATION RESULTS

The experimental approach described above was implemented first via computer simulation.  As a

point of reference, the channel depicted in Figure 3 was applied to both PCM-FM and the M=4,

3RC, h = 3/14, 4/14 variant of multi-h CPM.  The results are shown in Figure 4 below.  Note that,

for this channel, the degradation due to multipath was significant, but comparable for the two

modulations.
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Figure 4.  BER results for PCM-FM and multi-h CPM, with the multipath channel of Figure 3.

LABORATORY MEASURED RESULTS

The experimental setup shown in Figure 2 was utilized to gather data for both multi-h CPM (ARTM

Tier II waveform) and SOQPSK-A (which is highly similar to FQPSK, the Tier I waveform).  For

the experimental results presented here, the CPM variant was the M=4, 3RC, h = 4/16, 5/16 version

described in [5].  The channel response for the measured results was given by



h(t) = 1.0 * δ(t) + ρ * δ(t-1.5 Tb)

where Tb is the bit period.
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With Multipath

Without Multipath

Figure 5.  PSD for SOQPSK-A, with ρ = -0.3 and τ = 1.5 bits.

Multi-h CPM

With Multipath

Without Multipath

Figure 6.  PSD for multi-h CPM, with ρ = -0.3 and τ = 1.5 bits.



For the results presented here, ρ was purely real and negative.  This channel exhibits a periodic

response similar to that in Figure 3, but because ρ is purely real and negative, a null occurs at exactly

the center of signal spectrum.  The measured effect of this channel on the PSD of both SOQPSK-A

and multi-h CPM is shown in Figures 5 and 6.  Note that the spectrum analyzer is set to 2 dB per

vertical division in these plots.
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The effect of this multipath channel on the BER performance of SOQPSK-A, using both a single-

symbol detector and a trellis demodulator is shown in Figure 7.  Note that as ρ is swept from –0.2 to



–0.4, performance degrades significantly.  It is particularly interesting to note that, although the

trellis demodulator offers about 0.4 dB of improvement (relative to the single-symbol detector) in a

multipath-free channel, this advantage is lost as ρ is increased (in magnitude) beyond 0.2.  For ρ
beyond –0.2, the situation reverses, and the single-symbol detector offers better performance than

the trellis demodulator.
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Figure 8.  BER for Multi-h CPM, with ρ variable and τ = 1.5 bits.

Figure 8 shows the performance of the Tier II waveform in the same multipath channels.  It is

significant that, despite the fact that the spectrum is only two-thirds as wide as for the Tier I

waveform, the degradation due to multipath is smaller for multi-h CPM than it is for SOQPSK-A,



for moderate levels of multipath.  For the most severe multipath, however, the multi-h CPM

waveform is substantially degraded, exhibiting an error rate floor of about 1.0e-5.

Our hypothesis is that, with modest multipath distortion, the trellis demodulator is effectively

providing coding gain against the multipath.  Even though the SOQPSK-A signal is also being

demodulated with a trellis demodulator, the multi-h CPM signal exhibits the merits of a greater

"constraint length", essentially utilizing its longer memory of the channel to minimize the multipath

effects.  If the multipath is sufficiently severe, the trellis decoder for CPM loses it's "coding gain"

because the multipath-delayed signal essentially changes the "encoder", and the trellis "decoder" is

no longer correct.  This suggests an adaptive equalizer strategy for future research, based on

modifying the trellis in response to the multipath.

CONCLUSIONS

We have analyzed the performance of SOQPSK-A and multi-h CPM in the presence of static two-

ray multipath.  For the SOQPSK-A modulation, we have employed both single-symbol and trellis

demodulators.  With SOQPSK-A, we have found that the trellis detector is superior to the single-

symbol detector for mild multipath, but the reverse is true for severe multipath.  In spite of the

significantly smaller bandwidth of the CPM waveform, we have found that it suffers less

degradation due to multipath than SOQPSK-A for mild multipath.  However, more difficult

multipath dramatically degrades performance of multi-h CPM, to the point where overall detection

efficiency is inferior to SOQPSK-A.

FUTURE RESEARCH

The results presented here suggest that multi-h CPM does not suffer excessive degradation in the

presence of moderate multipath, relative to the less spectrally efficient SOQPSK.  However, we have

explored only a very limited region of the multidimensional multipath parameter space.  Further

investigation is required to evaluate the effects of additional paths, a wider range of differential

delays and reflection coefficients, and most importantly, channel dynamics.  Our results here do not

address the synchronization performance of either modulation, which directly impacts the

demodulator performance under dynamic channel conditions.

Looking beyond the simple analysis of these modulations in the presence of multipath, we

conjecture that there are equalization and/or coding techniques which will improve performance.

SOQPSK will most likely benefit from conventional linear equalization, with or without decision



feedback.  Multi-h CPM, on the other hand would quite probably require more sophisticated

techniques.  The author encourages contact from other researchers who have interest in pursuing

these concepts.
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PERFORMANCE OF SOQPSK AND MULTI-H CPM IN THE
PRESENCE OF ADJACENT CHANNEL INTERFERENCE

Terrance J. Hill
Nova Engineering, Inc.,  Cincinnati, OH

ABSTRACT

Multi-h CPM has been selected as the Tier II waveform for the Advanced Range Telemetry (ARTM)

program, because it offers 50% better spectral efficiency than Feher-patented FQPSK, which is the

Tier I waveform.  Shaped Offset QPSK has been shown to be nearly identical in performance to

Feher-patented FQPSK.  Both the Tier I and Tier II waveforms must operate in the presence of

adjacent channel interference in order to meet the range community's telemetry requirements.  This

paper presents an experimental characterization of SOQPSK and Multi-h CPM in the presence of

adjacent channel interference, over a range of channel spacings and differential signal amplitudes.

Quantitative results are presented which demonstrate the relative robustness of the ARTM Tier I and

Tier II waveforms, with adjacent channel interference representative of a typical range environment.

KEY WORDS

Shaped Offset QPSK, FQPSK, SOQPSK, Multi-h CPM, Adjacent Channel Interference

INTRODUCTION

The objective of the Advanced Range Telemetry (ARTM) project is to find means of transmitting

more telemetry data in less bandwidth, including, among other approaches, the development of

spectrally efficient modulation techniques.  Feher-patented FQPSK has been adopted as the Tier I

ARTM waveform because it offers approximately twice the data capacity of traditional PCM/FM in

the same bandwidth.  Offering even greater data capacity than FQPSK, multi-h CPM has been

selected as the ARTM Tier II waveform.



The claimed increases in data capacity afforded by these new modulation techniques are often

inferred by comparing their power spectral density (PSD) to that of PCM/FM.  While the PSD is a

useful guide to spectral efficiency, it is not a complete description of the system performance.  For

example, receiver selectivity plays a significant role in ameliorating interference from adjacent

channels, but it clearly cannot be assessed from a measurement of the signal spectrum.  Because

some modulation techniques are more tolerant of "tight" filtering than others, it is important to

include the effect of receiver filtering on the overall link performance (this is quantified later in this

paper).  In a similar vein, adjacent channel interference can cause carrier recovery loops and symbol

synchronizers to exhibit increased jitter, but once again, not all modulations are equally affected by

these types of impairments.

Since the PSD is a characterization of only the transmit end of the link, but overall performance

depends upon the behavior of the receiver and demodulator as well, spectrum managers are better

served by a complete assessment of the entire link.  Ultimately, this information is used to determine

what minimum channel spacing is required to maintain acceptable BER performance.  Our objective

in this paper is to determine the required channel spacings for these waveforms by measuring the

effect of adjacent channel interference on BER.

WAVEFORM DEFINITIONS

As stated above, Feher-patented FQPSK is the ARTM Tier I waveform, and it would be desirable to

include FQPSK results in the present paper.  Unfortunately, FQPSK is a proprietary modulation

whose details are not known to the author.  However, Shaped Offset QPSK (SOQPSK) has been

previously shown [1, 2, 3, 4] to be nearly identical to, and interoperable with, FQPSK.

Consequently, we will use SOQPSK as representative of the Tier I waveform, for the results

presented here.

SOQPSK describes a family of constant-envelope modulations, all of which are a derivative of, and

interoperable with, the SOQPSK waveform defined in MIL-STD-188-181 and 188-182.  In general

terms, all members of the SOQPSK family can be thought of as offset QPSK, modified so that the

90-degree phase transitions are smooth, and always on the unit circle.

While the ARTM Tier I modulation occupies approximately half the bandwidth of the ubiquitous

PCM/FM waveforms, the multi-h CPM Tier II waveform collapses the spectrum even further, to

approximately one-third of PCM/FM.  The Tier II modulation has been previously defined and

analyzed in [5].  Like SOQPSK, multi-h CPM is a very large family of modulations.  Our analysis



here is restricted to the M=4, 3RC, h = 4/16, 5/16 version described in [5].  The power spectral

densities of the relevant modulations are presented in Figure 1.

Telemetry PSDs

-100

-90

-80

-70

-60

-50

-40

-30

-20

-10

-2.0 -1.5 -1.0 -0.5 0.0 0.5 1.0 1.5 2.0

Frequency (Bit Rates)

d
B

c 
in

 3
 k

H
z 

B
an

d
w

id
th

PCM/FM
FQPSK-B, NLA
SOQPSK-B, NLA
SOQPSK-A, NLA
ARTM Tier II (Multi-h CPM)

Advanced Range Telemetry (ARTM) Lab
Edwards Air Force Base
HP 8566B
Resolution Bandwidth = 3 kHz
Video Bandwidth = 10 kHz
Data Rate = 1.0 Mbps

PCM/FM

FQPSK-B

SOQPSK-B

SOQPSK-A

Multi-h CPM

Figure 1.  Power Spectral Density for various telemetry modulations.

It should be pointed out that all of the modulations in Figure 1, except for FQPSK-B, are constant

envelope waveforms.  Consequently, the linearity of the power amplifier in the transmitter is of no

concern, except for FQPSK.  The results for FQPSK-B, SOQPSK-A, and SOQPSK-B shown in

Figure 1 include the effect of a non-linear test amplifier from the ARTM laboratory, which causes

some spectral regrowth for FQPSK.

EXPERIMENTAL TECHNIQUE

A block diagram of the test configuration is depicted in Figure 2.  The first stage of testing is

performed with the adjacent channel interferers turned off.  This yields the baseline BER

performance of the transmitter / receiver combination.  The adjacent channels are then turned on at

either 0 dB, 10 dB, or 20 dB relative to the desired channel, and offset equally in frequency on each



side of the desired.  A BER curve is taken, the frequency separation between the desired and the

interferers is reduced, and the BER data collected again.  This process of packing the channels more

closely together continues until the BER performance has degraded significantly.
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Figure 2.  Experimental Test Configuration.

LABORATORY MEASURED RESULTS

The experimental setup shown in Figure 2 was utilized to gather data for multi-h CPM (ARTM Tier

II waveform) and both SOQPSK-A and SOQPSK-B (which are highly similar to FQPSK, the Tier I

waveform).  Representative power spectral densities for three channels of 9 Mbps multi-h CPM and

SOQPSK-A are shown in Figures 3 and 4, respectively.

As stated earlier, some modulations are more tolerant of "tight" IF filtering in the receiver than

others.  This is exemplified in Figure 5, which shows the detected constellations for both SOQPSK-

A and SOQPSK-B, with two different IF filter bandwidths.  The "wide" IF filter is 2.2 times the bit

rate, while the "narrow" IF is 0.55 times the bit rate.  From these constellation diagrams, one might

judge that SOQPSK-A would exhibit slightly poorer BER performance than SOQPSK-B, with either

IF filter.  Further, because of the significant dispersion of the SOQPSK-A constellation with the

narrow IF, one would expect the narrow filtering to cause greater degradation in BER performance

for SOQPSK-A than for SOPQSK-B.



Figures 3 (left) and 4( right).  PSD of 9 Mbps multi-h CPM with adjacent channel spacing of 0.8

times the bit rate, and 9 Mbps SOQPSK-A with adjacent channel spacing of 1.2 times the bit rate.

SOQPSK-A, Narrow IF

SOQPSK-B, Narrow IFSOQPSK-B, Wide IF

SOQPSK-A, Wide IF

Figure 5.  Detected constellations for SOQPSK-A and –B, with wide and narrow IF filters.
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Figure 6.  BER results for SOQPSK-B.  Upper left is without ACI.  Remaining three plots are with

adjacent channels at interference / signal ratios of 0 dB, 10 dB, and 20 dB.



The BER curves in the upper left of Figure 6 show that these are exactly the measured effects.  With

the wide IF, SOQPSK-B is approximately 1 dB better than SOQPSK-A.  Furthermore, we see that

SOQPSK-B is virtually unaffected by the narrow IF filtering, while SOQPSK-A degrades by about 1

dB relative to the wide IF case.  In addition to the laboratory results for both SOQPSK-A and –B,

Figure 6 also incorporates the simulation results from [2].  Because the experimental hardware

employs differential encoding, but the simulated error rates in [2] do not, we have doubled the

simulation error rate to make them more directly comparable.

Figure 6 also shows the BER performance of SOQPSK-B with interference ratios of 0 dB, 10 dB,

and 20 dB.  From this figure, we see that with an I/S ratio of 20 dB, adjacent channels separated by

1.5 bit rates from the desired will degrade performance by about 1 dB at BER = 1.0e-5.
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Figure 7.  BER results for SOQPSK-A and multi-h CPM.

Three channels at 20 dB interference / signal ratio.

Figure 7 (left) depicts the performance of SOQPSK-A, with an I/S ratio of 20 dB.  Note that the 1 dB

degradation from baseline (no interference) performance is reached with the adjacent channels offset

by approximately 1.11 times the bit rate.  This closer spacing (than SOQPSK-B) is undoubtedly due

to the narrower spectrum of the –A version.  However, it must be pointed out that, although 1 dB



degradation is not incurred until the spacing is reduced to approximately 1.11 bit rates, the absolute

detection efficiency at this point is 2.5 dB poorer than SOQPSK-B (BER = 1.0e-5 at Eb/N0 = 14.5 dB

for SOQPSK-A, versus 12.0 dB for SOQPSK–B).

The BER performance of multi-h CPM in the presence of adjacent channels 20 dB above the desired

is also shown in Figure 7 (right).  Here the 1 dB degradation point (at 1.0e-5) is reached at a channel

spacing of approximately 0.77 times the bit rate, which is nearly one-half of the spacing required for

SOQPSK-B.

It is worth noting that these results are valid regardless of any non-linearity in the power amplifier,

since CPM (and SOQPSK) are constant envelope waveforms.  This is in contrast to Feher-patented

FQPSK which exhibits a slight amount of amplitude modulation, and therefore experiences sideband

regeneration which varies according to the AM-AM and AM-PM behavior of the amplifier.

SUMMARY

The table below summarizes the results for SOQPSK-A, SOQPSK-B, and multi-h CPM.  It is clear

that CPM offers substantially more data capacity in a given bandwidth than either variant of

SOQPSK.  While SOQPSK-A allows for closer channel spacing than SOQPSK-B, this increased

capacity comes at the expense of approximately 2.5 dB in detection efficiency.

Modulation Channel spacing

for 1 dB loss at

I/S ratio = 0 dB

Channel spacing

for 1 dB loss at

I/S ratio = 10 dB

Channel spacing

for 1 dB loss at

I/S ratio = 20 dB

Eb/N0 for BER =

1.0e-5, with I/S

ratio = 20 dB

SOQPSK-A - - 1.11 bit rates 14.5 dB

SOQPSK-B 1.0 bit rates 1.4 bit rates 1.50 bit rates 12.0 dB

Multi-h CPM - - 0.77 bit rates 12.0 dB

CONCLUSIONS

The objective of the ARTM project is to develop methods of getting more telemetry through less

bandwidth.  More specifically, the goal of the Tier II waveform, multi-h CPM, is to carry 1.5 times

as much data as the Tier I waveform (FQPSK-B) in the same bandwidth.  While we have not

analyzed the proprietary FQPSK-B waveform, the results provided here demonstrate that this goal is

probably met.  We have shown that multi-h CPM provides 1.44 times the data capacity of SOQPSK-

A and nearly double the capacity of SOQPSK-B.  If the arbiter of "acceptable" performance is



expressed in terms of absolute detection efficiency, rather than degradation relative to an

interference-free baseline, then the comparison favors multi-h CPM even more strongly.  This is

because although SOQPSK-A allows closer channel spacing than SOQPSK-B, SOQPSK-A achieves

this advantage at a cost in absolute detection efficiency of 2.5 dB.  Multi-h CPM and SOQPSK-B

have nearly identical detection efficiency, but multi-h CPM provides almost twice the capacity of

SOQPSK-B.
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ABSTRACT

This paper will present measured data in an adjacent channel interference (ACI) environment for
both filtered continuous phase frequency shift keying (CPFSK) and Feher’s patented quadrature
phase shift keying (FQPSK-B) [1].  The quantity measured was bit error probability (BEP) versus
signal energy per bit to noise power spectral density ratio (Eb/No).  The interferers were either
CPFSK or FQPSK-B signals.  The results presented in this paper will be for bit rates of 5 Mb/s, one
interferer 20 dB larger than desired signal, various channel spacings, and two different telemetry
receivers.  The ACI test effort will collect data sets at several bit rates and with one and two
interferers.  The results will be useful to system designers and range operators as they attempt to
maximize the number of Mb/s that can be simultaneously transmitted in the telemetry bands.

KEY WORDS

Adjacent channel interference, CPFSK, FQPSK-B, Aeronautical telemetry signal spacing

INTRODUCTION

Telemetry data rates are increasing and the amount of available telemetry spectrum has been
decreasing.  The combination of these two facts is driving efforts to increase the telemetry channel
packing density.  Methods to increase channel packing density include more spectrally efficient
modulation methods (including FQPSK-B) and the use of “better” receiver filters.  A test program
was initiated to measure the effects of carrier-to-interference ratio (C/I) and channel spacing on BEP
at various Eb/N0 values.  The test setup is shown in figure 1.  The test setup shows three radio
frequency (RF) sources however only two were used for the tests included in this paper.  The data
sources were independent pseudo random signals of length 215-1.  The non-return-to-zero-level
(NRZ-L) CPFSK and FQPSK-B signals were generated with laboratory test equipment and
amplified with a Class C non-linear amplifier.  The RF signals were applied to a FastBit 2000A test
set that controlled Eb/N0 and C/I.  The shaded items in figure 1 are part of the FastBit 2000A.  The
FastBit 2000A keeps the signal and interference powers fixed and varies the noise power.  The
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composite signal was connected to a telemetry receiver.  The receiver’s intermediate frequency (IF)
signal was connected to a RF Networks model 2120 demodulator when FQPSK-B was the desired
signal.  When CPFSK was the desired signal, the receiver’s video output was connected to a bit
synchronizer.

The spectra of the 5 Mb/s FQPSK-B and CPFSK signals normalized to the total carrier power
(0 dBc) are shown in figures 2 and 3 respectively.  The spectra at the receiver input are shown in
figures 4 and 5 for the FQPSK-B and CPFSK cases respectively.  The spectrum analyzer’s resolution
bandwidth was 30 kHz for these figures.  The Eb/N0 was 12 dB and the C/I was –20 dB for figures 4
and 5.  The center frequency separation was 5 MHz for figure 4 and 10 MHz for figure 5.  The
carrier power at the receiver input was about –63.5 dBm and the interference power was about
-43.5 dBm.  Therefore, the noise power per 30 kHz bandwidth at an Eb/N0 of 12 dB at 5 Mb/s should
be about -97.7 dBm which is close to the value shown in figures 4 and 5 (the spectrum analyzer’s
detector reads slightly low for noise which accounts for the perceived difference).  The noise power
in a 5 MHz bandwidth at an Eb/N0 of 14 dB would be about -77.5 dBm.  The noise power (kTB) per
5 MHz with a system noise temperature of 250K would be -107.6 dBm or about 30 dB lower.
Therefore, the conditions used for this test would reflect a system noise temperature of 250K and a
system gain from the preamplifier input to the receiver input of 30 dB (at 14 dB Eb/N0 ) to 37 dB (at
7 dB Eb/N0 ).  I believe these net system gain values are in the ballpark of the net gains in typical
telemetry receiving systems.  The tests planned as part of this effort do not include any non-linear
effects that may occur if the amplifiers preceding the receiver are not operating in their linear region.

The tests presented in this paper were performed with a 6 MHz receiver IF filter selected.  The
5 Mb/s CPFSK signals were premodulation filtered with a 6-pole linear phase filter with a
bandwidth of 3.5 MHz (-3 dB) and had a peak deviation of 1.75 MHz.  FQPSK-B baseband signals
were generated using a RF Networks baseband processor board assembled into a chassis by Edwards
AFB personnel.  The RF sources were Agilent model E4433As.  These RF signal generators have
both frequency modulation (FM) and quadrature (I/Q) modulation capability.
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Figure 2.  FQPSK-B spectrum after class C amplification (5 Mb/s).

Figure 3.  Filtered CPFSK signal after class C amplification (5 Mb/s).
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Figure 4.  FQPSK-B signal at receiver input with Eb/N0 of 12 dB and C/I of –20 dB (5 Mb/s).

Figure 5.  Filtered CPFSK signal at receiver input with Eb/N0 of 12 dB and C/I of –20 dB
(5 Mb/s).

CPFSK WITH CPFSK INTERFERENCE TEST RESULTS

The results that will be presented are for the smallest frequency separations (1 MHz steps) that
resulted in a 1 dB or smaller increase (compared to the no interference data) in the Eb/N0 required to
achieve a BEP of 1×10-5.  Figures 6 and 7 show the results for a receiver with digitally generated IF
filters (figure 6) and a receiver with a lumped constant analog IF filter (figure 7).  The labels at the
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bottom of the figures indicate the test conditions.  For example, in figure 6 the “No I” label indicates
no interfering signal, the “I-9” label indicates the interfering signal was 9 MHz lower in frequency
than the desired signal and “I+9” label indicates the interfering signal was 9 MHz higher in
frequency than the desired signal.  The BEP curves in figures 6 and 7 are similar but the frequency
separation was 9 MHz with the digitally generated IF filters versus 12 MHz with the lumped
constant IF filter (the lumped constant filter was slightly wider than 6 MHz as illustrated in figure 8).
The recommended frequency separation in Inter-Range Instrumentation Group (IRIG) Standard
106-01 Telemetry Standards [1] for these conditions is 12 MHz.  This recommendation was
developed based on older receiver designs that used lumped constant analog IF filters.  The CPFSK
results would be worse with wider IF filters.

Figure 6. BEP results 5 Mb/s CPFSK & 5 Mb/s CPFSK as the interfering signal (C/I= -20 dB).

Figure 7. BEP results with 5 Mb/s CPFSK & 5 Mb/s CPFSK as the interfering signal (C/I= -20
dB), lumped constant IF filter.
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Figure 8.  Frequency response of lumped constant IF filter.

FQPSK-B WITH FQPSK-B INTERFERENCE TEST RESULTS

The tests were then repeated with FQPSK-B as the modulation type.  The signal spacing was
decreased in 1 MHz steps until more than 1 dB of degradation occurred and then the spacing was
increased by 1 MHz.  Figures 9 and 10 show the results for a receiver with a 13 MHz surface
acoustic wave (SAW) IF filter (figure 9) and a receiver with the lumped constant analog IF filter
shown in figure 8 (figure 10). The separation was 5 MHz for both receivers.  The two main
conclusions that I draw from comparing the data in figures 6 and 7 with the data in figures 9 and 10
are that FQPSK-B can be packed about 2 times closer than CPFSK (same bit rate assumed) and the
IF filter is not the dominant factor is determining spacing for FQPSK-B.  The reason is that the
FQPSK-B demodulator is a coherent demodulator and the noise and interference are mainly filtered
at the baseband.  In contrast, FM demodulation is a non-linear, non-coherent process and the effects
generated by out-of-band interference can not necessarily be removed with baseband filters after the
demodulation process.
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Figure 9. BEP results 5 Mb/s FQPSK-B & 5 Mb/s FQPSK-B interfering signal (C/I= -20 dB).

Figure 10. BEP results 5 Mb/s FQPSK-B & 5 Mb/s FQPSK-B interfering signal (C/I= -20 dB),
lumped constant IF filter
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CPFSK WITH FQPSK-B INTERFERENCE TEST RESULTS

Figures 11 and 12 show the results for a receiver with a digitally generated IF filter while figures 13
and 14 show the results for a receiver with a lumped constant analog IF filter.  The required
frequency separation was 3 MHz less with the digitally generated IF filter (the analog filter was
slightly wider than 6 MHz as illustrated in figure 8).  The data in these figures show that the
frequency separation for less than 1 dB of degradation is only slightly smaller for FQPSK-B
interfering with CPFSK than for CPFSK interfering with CPFSK.  Again, the dominant factor with
non-coherent FM detection appears to be the IF filter response.  This point is illustrated in figure 14,
which shows that the performance is dramatically worse with the interferer, lower in frequency
compared to higher than the desired signal.  The reason is that the receiver filter rolls off slower on
the low side than on the high side (see figure 8).

Figure 11. BEP results 5 Mb/s CPFSK & 5 Mb/s FQPSK-B interfering signal (C/I= -20 dB )

Figure 12. BEP results 5 Mb/s CPFSK & 5 Mb/s FQPSK-B interfering signal (C/I= -20 dB)
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Figure 13. BEP results 5 Mb/s CPFSK & 5 Mb/s FQPSK-B interfering signal (C/I= -20 dB);
lumped constant IF filter.

Figure 14. BEP results 5 Mb/s CPFSK & 5 Mb/s FQPSK-B interfering signal (C/I= -20 dB);
lumped constant IF filter.
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FQPSK-B WITH CPFSK INTERFERENCE TEST RESULTS

Figures 15 and 16 show the results for a receiver with a 13 MHz SAW IF filter (figure 15) and a
receiver with the lumped constant analog IF filter shown in figure 8 (figure 16).  Note that the
separation is 8 MHz for both receivers.  This data again shows that the IF filter is not the dominant
factor in determining spacing for FQPSK-B.  Additionally, this data shows that with a good IF filter
the spacing was 8 MHz with either as the desired signal while with a less ideal IF filter the spacing
was 8 MHz for FQPSK-B with CPFSK interference and 11 MHz for CPFSK with FQPSK-B
interference.

Figure 15. BEP results 5 Mb/s FQPSK-B & 5 Mb/s CPFSK interfering signal (C/I= -20 dB).

Figure 16. BEP results 5 Mb/s FQPSK-B & 5 Mb/s CPFSK interfering signal (C/I= -20 dB),
lumped constant IF filter.

1E-07 

1E-06 

1E-05 

1E-04 

1E-03 

1E-02 

1E-01 

B
E

P

6 8 10 12 14 
Eb/No (dB)

No I I-8M I+8M

5 Mb/s FQPSK I=5 Mb/s FM I/C=20 dB 5V

1E-07 

1E-06 

1E-05 

1E-04 

1E-03 

1E-02 

1E-01 

B
E

P

6 8 10 12 14 
Eb/No (dB)

No I I-8M I+8M

5 Mb/s FQPSK I=5 Mb/s FM I/C=20 dB



CONCLUSIONS

Table 1 presents a summary of the results presented in this paper.  The highlights are:
1. FQPSK-B offers about twice the data packing density of CPFSK.
2. The receiver IF filter attenuation versus frequency is a major factor in determining

minimum frequency separation for CPFSK but does not appear to be a significant factor
for FQPSK-B. The reason is that the FQPSK-B demodulator operates as a coherent
downconverter and the noise and interference are mainly filtered at the baseband
(assumes the system is linear and has adequate dynamic range for the signals
encountered).  In contrast, FM demodulation is a non-linear, non-coherent process and
the effects generated by out-of-band interference can not necessarily be removed with
baseband filters after the demodulation process.

3. If “optimized” IF filters are available, then the mutual interference characteristics of
FQPSK-B and CPFSK appear similar (the required separation was 8 MHz, value of 1.6 in
table 1).  However, if an “optimized” IF filter is not used for CPFSK then the
characteristics of the IF filter appear to be the dominant effect and may force a wider
spacing (11 MHz with FQPSK-B interference and 12 MHz with CPFSK interference).

Table 1.  Normalized minimum center frequency separations (frequency separation/bit rate)
that caused less than 1 dB of degradation at a BEP of 1××××10-5 for various combinations of
modulation method and receiver.

I=FQPSK-B I=FQPSK-B I=CPFSK I=CPFSK
Signal Receiver 1 Receiver 2 Receiver 1 Receiver 2

FQPSK-B 1 1 1.6 1.6
CPFSK 1.6 2.2 1.8 2.4

Additional tests will be performed with a mix of bit rates (including 1, 5, and 12 Mb/s) and also with
two interferers.  A final report will be published after testing is completed.  My current plan is to
make this report available on the public Range Commanders Council website “http://jcs.mil/jist3/”.
One product of the results of these tests will be an update to the recommended frequency separation
section of the Telemetry Standards.  One additional observation based on testing to date is that as the
spectrum is used more intensely, receiving system linearity and dynamic range may be the limiting
parameters.  In some cases, existing equipment may not allow packing signals as densely as desired
because of receiving system gain distribution, linearity or dynamic range problems.
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ABSTRACT

Performances of a subclass of a new spectral efficient modulation scheme, designated as
Feher Keying [1], or FK, is evaluated. The Power Spectral Density (PSD) and Bit Error Rate
(BER) characteristics of FK are presented. FK has ultra high spectral efficiency and satisfies
the frequency mask for WLAN defined in FCC part 15, and it has a simple structure for high
bit rate implementation.

KEYWORDS
Modulation, power spectral density (PSD), spectral efficiency, bit error rate (BER), Feher
Keying (FK)

INTRODUCTION

The most important objectives of wireless communications, broadcasting, telemetry,
infrared and in general radio systems as well as wired systems include: power efficiency,
bandwidth or spectral efficiency, and robust Bit Error Rate (BER) performance in an
additive white Gaussian noise (AWGN) environment, selective faded environment, or
interference controlled environment. These Radio Frequency (RF) system objectives are
specified in numerous systems, mobile and telemetry systems, broadcasting systems, cable,
fiber optics and practically all communication transmission systems.

The significant performance advantages of the ultra spectral efficient FK are highlighted by
comparing FK's spectral efficiency of more than 30 b/s/Hz to conventional QAM and others.
The RF spectral efficiency of the systems for four state modulation systems, such as QPSK,

                                                
*Significant parts of this material are based on the author’s reports and remain the property
of the authors.



DQPSK, SQPSK and FQPSK [2], is limited to 2 b/s/Hz. While the spectral efficiency of
multi-state or multi-ary systems such as 64 state QAM is limited to 6b/s/Hz. An increased
number of signaling states increases the required C/N. Increased C/N requirement and
increased ob NE  requirement leads to more expensive and larger transceivers and perhaps

reduced fade margins.

Pulse Width Modulation (PWM) and Pulse Duration Modulation methods that are described
in Peebles's book [3] and in other references provide the signal information in the width
and/or in the duration of the data symbols. However PWM and PDM methods have a very
low spectral efficiency, and for this reason have not generally found applications in RF
spectral efficient systems. H.R. Walker's patents [4] and [5] as well as Walker et al.
publications, including [6] and [7], describe information signal transmission methods that
could also attain ultra high spectral efficiencies of more than 30 b/s/Hz. In the
aforementioned Walker methods the clock signals are not shaped and have the same basic
form for the zero and one states respectively i.e., the Walker methods use NRZ or RZ type
of symmetrical clock signals.

DESCRIPTION OF FEHER KEYING (FK)

In a FK processor and modulator, specified clock converted and clock shaped signal
parameters are generated [1]. These are based on the input data signal patterns and are
generated by means of control signals, which are designed in the data input signal interface
data signal or clock signal encoder units. The specified selectable clock signal parameters
include symmetrical and non-symmetrical clock signals, shaped band-limited continuous
clock signal patterns, shaped encoded clock signals, variable rise and fall time clock signals
and asynchronous clock signal information transmission means, where asynchronous
clocking is referenced to the incoming data source signals.

A fundamental, truly pioneering original discovery of the FK invention is that the
information to be transmitted is contained in the shapes of the clock signals and/or in the
different shapes, that is differences of the clock signal shapes. In the vast majority of
previously described systems the "data" signal elements have been processed, shaped and
filtered to reduce the spectrum of the data pattern, while in FK, the "clock" signals have
been shaped. Based on our understanding, the prior art literature to [1], including Walker
inventions, do not contain discoveries for asymmetrical binary, synchronous or
asynchronous binary and multilevel information transmission whereby the data content-data
information is contained in shaped clock signals.

The FK processors are also used in conjunction with NLA cross-correlated and Bit Rate
Agile (BRA) quadrature FQPSK, FQAM and also non quadrature modem systems and as
input drive signals to FM-VCO based systems to SSB, VSB, DSB-SC, or in conjunction
with conventional QPSK and QAM transceivers [8], [10], [11].

Among various FK signals described in [1], signal patterns with variable amplitude clock
levels (CL) and different shaped clock (SC) signals for the one and zero states are
investigated in this paper.  Figure 1 shows two of them. The first one (designated as FK-1
signals in this paper) is square type signals with different amplitude clock levels, 1 to 3 (1/3)
in this case, for the one and zero states. The second one (designated as FK-2 signals in this



paper) is similar to the first one but uses sinusoidal type shaped clock signals. Figure 2
shows the "eye pattern" of FK-2 (1/3) signals, though they don't look like eyes in this case.
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Figure 1.  Illustrative FK-1 and FK-2 signal waveform patterns. Information is carried in
variable amplitude clock levels. FK-1 signals (a) plotted by Matlab, and (b) demonstrated by
hardware. FK-2 signals (c) plotted by Matlab, and (d) demonstrated by hardware.

Figure 2. Eye diagram of 1 Mb/s FK-2 (1/3) signals. Filtered FK-1 signals have similar eye
diagrams.

At first glance FK signals look like NRZ signals, but both NRZ and RZ signals can have
continuous segments of 1,1,1… "high state" data signal levels and continuous segments of
0,0,0,…. "low state" data signal levels, while this is not the case for FK signals. FK is a
scheme that adds periodic components to random binary data without loss of information.

ANALYTICAL PERFORMANCE OF TWO TYPES OF FK SIGNALS: FK-1 AND
FK-2

A. Power Spectral Density
For FK-1 signals, "0" and "1" states are represented by
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For FK-2 signals, "0" and "1" states are represented by
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The power spectral density of digital baseband signals is given [8] by
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)(2 fG  =  the Fourier transform of )(2 tg .

According to Eq. (1), we derived (see appendix) the power spectral density of FK-1 to be:
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We note that the PSD of FK-1 contains continuous spectral part and discrete spectral part at
odd harmonics of sf .

The power spectral density of FK-2 is also derived from Eq. (1) to be:
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We note that the PSD of FK-2 contains continuous spectral components and a single
discrete spectral part at sf .

B. BER Performances
The BER performance as a function of ob NE , i.e. BER = f( ob NE ), for a simple set of

non-coherent FK demodulator is derived in this section.



According to communications theory [9], the bit error probability for a binary signal
assuming matched filter and infinite bandwidth is:
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where 12d  is the Euclidean distance of the two signal.

At BER = 410− , the ob NE required by the FK (1/3) signals is lower bounded by 15.4 dB

with conventional matched filter, and the ob NE required by the FK (1/2) signals is lower

bounded by 18.4 dB with conventional matched filter.

While the former results are based on optimal matched filter theory, but contrary to
conventional optimal filter, in our implementation we use miss-matched structure instead of
matched filter structure. In our study, the signals are band-limited, matched filter is not used.
In the implementation of receivers for FK-1 and FK-2, the receiver samples twice during
each symbol period, instead of sampling once as in the case of matched filter
implementation. This will be explained in detail in the next section. We did not attempt to
optimize the BER performance, nor to find "optimal" FK receivers and demodulators.
Instead, we focused on the performance of some of the simplest FK demodulators.

EXPERIMENTAL HARDWARE SETUP OF FEHER KEYING

The experimental hardware setup for generation and measurement of FK signals is shown in
Figure 3. Shaped clock signals with different amplitude levels represents ones and zeros.
The clock signals are square shape (FK-1 signals) or sine shape (FK-2 signals) in our
implementation. An error analyzer clocked by the waveform generator generates pseudo-
random binary sequence (PRBS) that is used as the control signal to the two-input switch,
and it receives output data from the detector. The error analyzer compares the PRBS it
generates and the data it receives to calculate BER.

To explain how the detector works, let us see the eye diagram of FK-2 signals shown in
Figure 2. (The eye diagram of filtered FK-1 signals has similar pattern.) Because of this eye
pattern, the receiver samples twice at  (N+0.25)* sT  and (N+0.75)* sT , where N=1, 2, 3...,

instead of N* sT  as in the case of matched filter receiver. The magnitude difference of these
two samples is compared with a threshold to make the binary decision. If the magnitude
difference is larger than the threshold, we decide the received data is a "1", otherwise the
decision is a "0". In the experimental setup, a delay is used such that the sampling is done at
the moments that would provide best BER performance. With a simple-structured miss-
matched receiver like that, we are able to obtain BER performance that is close to the ideal
BER predicted by matched filter theory.
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Figure 3. Experimental hardware setup for generation and measurement of FK signals at bit
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SIMULATION AND MEASUREMENT RESULTS

A. Power Spectral Density
Figure 4 shows the analytical results, computer simulation, and hardware measurement
results of the power spectral density (PSD) of FK-1 with frequency resolution 3 kHz. Figure
5 shows the measured PSD of FK-1 with frequency resolution 10 kHz.
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Figure 4. Power spectral density of 1 Mb/s FK-1, frequency resolution bandwidth 3 kHz. (a)
Analytical result, (b)computer simulated result, (c)  hardware measured result with video
bandwidth 1 kHz and span 10 MHz.



 
Figure 5. Hardware measured power spectral density of 1 Mb/s FK-1, frequency resolution
bandwidth 10 kHz in stead of 3 kHz as shown in Figure 4, video bandwidth 3 kHz and span
10 MHz.

Figure 6 shows the analytical result, computer simulation, and hardware measurement
results of the PSD of FK-2 with frequency resolution 3 kHz. At –30 dB, spectral efficiency
of greater than 30 b/s/Hz is achieved.
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Figure 6. Power spectral density of 1Mb/s FK-2 with frequency resolution bandwidth 3 kHz.
(a) Theoretical result, (b) computer simulated result, (c) hardware measured result with
video bandwidth 1 kHz and span 10 MHz.

Comparing Figure 4 and Figure 6, we can say that the PSD of FK-2 is better than that of
FK-1.

When the frequency resolution is increased or decreased by n times, the magnitude
difference of the discrete spectral components and the continuous spectral components will
increase or decrease by n10log10  times.  This is confirmed by comparing Figure 4 (c) to
Figure 5.



The derived, simulated, and measured power spectral densities for the specific FK signals
have similar shapes. The computer simulated power spectral densities of FK-1 and FK-2
agree with the hardware measured results. We should note that in Matlab simulation, only
finite samples per bit could be taken for calculation. Increasing the samples per bit in
simulation will increase the accuracy of the simulation result, and allow us to see higher
frequency components, which is not available in simulations using smaller number of
samples per bit. There is about 1-2 dB difference between the analytical result and
hardware-measured result on the magnitude difference of the discrete spectral components
and continuous spectral components. This is probably because the spectrum analyzer used in
measurement use real, or non-ideal, IF filters in measurement and smoothes the actual
power spectral density of the input signals given by analytical calculation.

Figure 7 shows that the filtered FK-1 and FK-2 signals easily satisfy FCC part 15 frequency
mask for WLAN, which to the authors' understanding requires the power spectrum to be 20
dB down beyond the 1 MHz wide frequency range. The frequency resolution is chosen to be
3 kHz. For frequency resolution smaller than 3 kHz, the differences of the discrete
components and continuous components of the spectrum of FK-1 and FK-2 signals can be
even larger.
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Figure 7. The power spectral density of filtered 1Mb/s FK-1 and FK-2 signals (with
frequency resolution 3 kHz) satisfy the FCC-15 frequency mask for WLAN. (a) Filtered
FK-1, (b) filtered FK-2.

B. BER Performance
The BER performances of quadrature FK modulation with miss-matched receiver structure
under various situations are computer simulated, and the results are summarized in Figure 8.
BER performance of GFSK, which is used in WLAN (IEEE 802.11), is also shown. We can
see that FK-2 with amplitude ratio 1/3 gives the best result. At BER= 410− , the ob NE
required by FK-2 is 15.6 dB, approaching the theoretical limit 15.4 dB with complex
matched filters and infinite bandwidth, while the measured ob NE  required by 1Mb/s

GFSK (deviation 160 kHz) is 19 dB.



C. Comparison of FK with Some Other Modulation Schemes
Table 1 summarizes the BER performances (for BER = 410− ) and PSD performances (at
transmitter interpreted at –30 dB) of FK, BPSK, QPSK, 256-QAM, and 1024-QAM. We can
see that FK has superior spectral efficiency comparing with other modulation techniques
including sophisticated 1024-QAM, and its BER performance is 6 dB and 12 dB better than
256-QAM and 1024-QAM, respectively. The increased ob NE requirement of these simple
FK systems over BPSK and QPSK is justified for many systems that require a high spectral
efficiency.
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Figure 8. Simulated BER performance of FK-2, FK-1 and measured BER performance of 1
Mb/s GFSK with 160 kHz deviations. 1/2 and 1/3 means the amplitude ratio of the two
shaped clock signals representing 0 and 1 is 1 to 3 and 1 to 2, respectively. 160 kHz
deviation is specified in order to meet the FCC-15 and IEEE 802.11 spectral efficiency
requirements [8].

Performances BPSK QPSK 256-
QAM

1024-
QAM

FK-2
(1/3)

ob NE  (dB) for

BER= 410−

8.4 8.4 22 27.5 15.6

Spectral Efficiency* 1 b/s/Hz 2 b/s/Hz 8 b/s/Hz 10 b/s/Hz >30
b/s/Hz

Table 1. BER and spectral efficiency performances of FK, BPSK, QPSK, 256-QAM, and
1024-QAM.
*Spectral Efficiency at transmitter interpreted at –30 dB.

CONCLUTION

A subclass of a new and ultra high spectral efficient modulation scheme: Feher Keying [1],
or FK, and its performances were presented. The power spectral densities of filtered FK-1
and FK-2 signals are demonstrated to easily satisfy the frequency mask for WLAN defined
in FCC part 15, and the spectral efficiency of FK could be more than 30 b/s/Hz at –30 dB.



With sub-optimum and miss-matched receiver, the BER performance of FK-1 and FK-2
were found to be more robust than GFSK used in WLAN. Due to its simple
transmitter/receiver structure, FK could be implemented in high bit rate and bit rate agile
systems.
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ABSTRACT

The IEEE P1451.3 standard for networked transducers is designed to support applications in many
industries but aerospace representatives have had a major say in what is included in the standard. The
standard is written to allow multiple different transducers to exist on a single transmission line. This single
transmission line may also carry power to the transducers. A bus is expected to have a single controller and
many transducers. Individual transducers may be operated in several modes including a strict master-slave
relationship or individual transducers may operate independently from the bus controller. In addition the bus
controller can provide a clock to allow all transducers to operate synchronously or the clock can be ignored
for asynchronous operation. The standard includes an extensible command set and Transducer Electronic
Data Sheets (TEDS) that allows for full plug and play operation of the transducer. If a manufacturer chooses
to leave out some of the features that allow for plug and play operation the standard allows for that as well.
This paper provides an overview of the features of the standard as well as the types of system that can best
utilize these features.

GENERAL CAPABILITIES

IEEE P1451.3 is an attempt to define a standard that will allow a transducer manufacturer to build
transducers that have a wide range of price and performance but which are all inter-operable within a
system. The standard will allow for simple devices with relatively low data sampling rates and moderate time
correlation requirements to be designed and built. At the other end of the spectrum will be devices that have
bandwidth requirements to several hundred kilohertz and time correlation requirements in the range of
nanoseconds. It is expected that devices from either end of the spectrum will be able to peacefully coexist
on the same bus. Figure 1 is a representation of what is expected in the physical realm. As shown in the
diagram a single transmission line will be used to supply power to the transducers and to provide the
communications between the bus controller and the Transducer Bus Interface Modules (TBIM). A bus is
expected to have one bus controller and many TBIMs. The bus controller may reside in a Network
Capable Application Processor (NCAP) when the system requires a network with many buses. A bus
controller may reside in a host computer or data recorder as well.  A Transducer Bus Interface Module
(TBIM) may contain from one to many different transducers. Three basic transducer types are recognized in



the standard. They are the sensor, the actuator and the event sensor. Different attributes are defined for
each transducer type to allow many different modes of operation.
There are a number of functions that will need to be accomplished over the transducer bus. Table 1 is a list
of the major functions that will need to be performed. These functions are required by both the very large,
complex systems and by the very simple systems consisting of just a few transducers. The IEEE P1451.3
working group is preparing a standard that will allow systems from the very simple to large complex systems
to be built using the same interfaces. In order to accomplish this, four different communications channels
have been defined. Each of the four communications channels are listed in Table 2 along with a brief
description of its expected function. The communications channels will share the medium with the power
required to operate the transducers. For high power transducers the power that can be applied over the
communications cable may be inadequate so it will be acceptable to power the transducers with a separate
power supply.
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Figure 1 Physical representation of the IEEE P1451.3

TRANSDUCERS

There are four general classes of transducers and various attributes that can be applied to each of them. In
addition, transducers may be classified as virtual if they are used to sense or control some condition within a
TBIM that does not directly impact the outside world. Virtual transducers and control commands may
perform similar functions. The choice of which to use in a given TBIM is up to the TBIM manufacturer. The
main difference between the two is that virtual transducers may have TEDS associated with them that allow
the system operator to deal in engineering units without a detailed knowledge of the bit patterns required to
obtain the desired results. The following paragraphs describe each of the different classes of transducers.



Sensors - A sensor measures some physical parameter on demand and returns digital data representing that
parameter. On the receipt of a trigger, the sensor starts the collection and storing of a data set within the
TBIM. The data set may contain one or many samples of the parameter. The timing of the individual
samples in the data set is controlled by the TBIM and is a function of the operating mode of the sensor. A
sensor responds to a read command by returning the appropriate data set. If a new data set is not available,
the transducer repeats the same data that was returned on the previous read command with a flag that
indicates that the data was previously read.
Event sensor - An event sensor is used to determine that a specific event has happened and the time when
the event occurred. The time may be determined and returned by the TBIM or may be determined by the
TBC when the event is received. A trigger arms an event sensor to detect the occurrence of an event. The
event may be a digital signal transition or an analog signal crossing a setpoint. An event sensor may be
configured to signal an event on high-to-low transitions or low-to-high transitions, or both. The present state
of an event sensor may be determined by reading the status.
Virtual actuators and sensors within a TBIM may be associated with an event sensor to allow changing
analog setpoints, hysteresis, or reading the value being sensed. This association is communicated to the TBC
through the grouping information in the Module Meta-TEDS.
Actuator - An actuator causes a physical or virtual output action to occur that is related to the data set sent
to the actuator. The actuator output changes state to match the appropriate data set when a trigger occurs.
The timing of the data output process is under the control of the TBIM if there is more than one data point in
a set.
An actuator may be built which does not require a data set be written to it before it performs an action. This
type of device always uses a default data set or no data at all and performs a predefined action upon the
receipt of a trigger.
General Transducer - The General Transducer is any transducer that does not meet the timing
requirements for one of the other three transducer types. The standard will allow for the General Transducer
type but it is not expected to be “Plug and Play.” Special software will be required to use it.

TRANSDUCER ATTRIBUTES

The following paragraphs define the operating characteristics that are common to all transducer types. Each
attribute describes a particular mode of operation for a transducer. Some of these attributes are mutually
exclusive and others can be enabled at the same time. Attributes may be fixed at the time of manufacturing
of the transducer or may be programmable.

SAMPLING ATTRIBUTES

The sampling attributes determine the relationship between the trigger and the sampling of the data by a
sensor or the application of a sample to the output of an actuator.
Trigger initiated attribute - A transducer with this attribute active begins acquiring or outputting a data set
immediately upon receipt of a trigger. The timing of the remaining samples in the data set is under the control
of the TBIM. If a trigger acknowledge is required it will be sent as soon as the first sample is processed. A
typical example of this type of device would be a sensor that uses a sample-and-hold (S/H) circuit followed
by a successive approximation or flash type A/D converter. When the trigger is received, the S/H would be



pulsed to store a sample of the data. At this time the trigger acknowledge would be sent to the TBC. The
A/D would then convert the data to a digital form and store it in the data set memory in the TBIM. After an
interval specified in the Transducer Specific TEDS, the process of sampling, converting and storing a
second sample would occur. This process continues until all samples required for the data set are available.
At this time the sampling stops until another trigger is received.
Free running attribute - A sensor with this attribute active shall measure some physical parameter
autonomously and continuously when enabled. The data being acquired and converted is discarded until a
trigger is received. Once a trigger has been received the next sample converted is stored in the TBIM as the
first word in the data set. Consecutive samples are stored in the TBIM until the entire data set is completed.
At this point the transducer returns to discarding samples until the next trigger is received.
An actuator with this attribute active shall apply the previous data set in accordance with its End of Data Set
Operation attribute. As a new data set is received from the transducer bus it will be held in the TBIM until a
trigger is received and applied to the output at the appropriate time.

BUFFERED ATTRIBUTE

A transducer with this attribute active has multiple buffers to store multiple data sets. One buffer is being
read from a sensor or applied to an actuator output while other buffers are available to be filled. A
characteristic of a transducer with this attribute active is that the data available to be read or applied is
always the data that was available in a buffer before the most recent trigger.

END OF DATA SET OPERATION ATTRIBUTES

These attributes determine the action that an actuator will take when it reaches the end of a data set. These
attributes describe ways to allow actuators to smoothly transition from one data set to another. While this is
desirable in most cases, there will be instances when a rapid transition to another condition is required i.e.
emergency shutdown. For these cases, a second actuator transducer in the same TBIM may be used which
executes the transition to the new condition or control commands may be used.
Hold attribute - This attribute is applied to actuators. An actuator with this attribute active will apply all of
the samples in a data set and then hold the last value in the data set until a new trigger is received.
Recirculate attribute - This attribute is only used with actuators. An actuator with this attribute active
applies all of the samples in a data set to the output, then returns to the beginning of the data set and repeats
the application of the same data set. It will keep repeating this operation until another trigger is received.
When returning to the beginning of a data set or to a new data set the appropriate sample interval must be
maintained.

STREAMING ATTRIBUTE

A transducer with this attribute active begins to acquire data or to apply data when the initial trigger is
received. Subsequent data samples are processed without waiting for a trigger. Since there are limited
mechanisms for collision detection on the transducer bus, any TBIM with one or more sensors operating in
the streaming mode must be able to support a dedicated data communications channel.



After the first trigger a sensor transmits a new data set as soon as it is acquired. This requires a dedicated
data communications channel be available to the TBIM. Multiple sensors within a single TBIM may share
this data channel but sensors in another TBIM shall not use it.
An actuator with the streaming attribute active applies the data written to it at the appropriate time after it
has been received. An actuator with the buffers attribute active immediately switches to the next buffer after
applying all of the data in the current buffer.

TRANSDUCER BUS INTERFACE MODULES

A TBIM consists of four basic elements, Transducer(s), signal conditioning, Transducer Electronic Data
Sheets (TEDS) and a bus interface. Of these four elements only two are covered by the standard. The
transducers and the signal conditioning are generally outside the realm of the standard. The only thing in the
standard that is covered in these two elements is by implication and that is that the output of the signal
conditioner must be digital not analog. There are several TEDS that are specified in the standard. Some of
them are very tightly specified and others are very loosely specified. The TEDS that are essential to
producing a plug and play device are tightly specified so that the system designer knows what to expect and
where to obtain the information. Other TEDS are intended to be a way for the TBIM manufacturer to
supply information to the operator and is not required for system operation. The bus interface is fully
specified by the standard in order for TBIMs manufactured by transducer manufacturers to work with bus
controllers supplied by some one else.

TBIM AND TRANSDUCER IDENTIFICATION

Each TBIM must be identified and set up by the bus controller before it is able to function in the system. To
identify the TBIM the manufacturer assigns each TBIM a unique identifier called the Universal Unique
Identifier or UUID. This identifier is a pattern of eighty bits that are defined using the algorithm originally
defined in IEEE 1451.2 to guarantee uniqueness. A procedure is defined in the standard to allow the bus
controller to identify the UUID of each device on the bus over the Bus Management communications
channel. The identification of the TBIM allows the bus controller to assigns a logical address to the TBIM.
Once the assignment of a logical address is accomplished the bus controller can then read the Transducer
Electronic Data Sheets (TEDS) to determine the nature and characteristics of each transducer. The TEDS
also define the communications capabilities of the TBIM so that the bus controller can set up the
communications. At this point it is possible to switch the communications to the TBIM communications
channel which operates at a higher speed than the Bus Management communications channel. If it is
determined that the system does not need a particular transducer then that transducer can be assigned a
logical address of zero and the transducer will not respond again until a different logical address is assigned.



TRANSDUCER ELECTRONIC DATA SHEETS

There are several Transducer Electronic Data Sheets (TEDS) which are defined for this standard. They can
be classified in many ways. Some are machine-readable and are used to allow the bus controller to
determine the characteristics of the device and others are text based and are used to give a human operator
an understanding of the device. Three of the machine readable TEDS are required for system operation and
all of the remaining TEDS are optional. For systems where small size or extreme operating environments do
not allow the TEDS to be stored in the TBIM, the standard allows the TEDS to be stored on a remote
server. A remote TEDS is known in the standard as a “virtual” TEDS. It is desirable that all TEDS be
stored within the transducer but it is expected that for reasons of cost and device size some manufacturers
will opt to use virtual TEDS at least for the TEDS that are not required for system operation. At the same
time most users are expected to prefer TEDS in the TBIM since that makes the overall system more
reliable. The marketplace will work out some sort of compromise in this area. We hope that for most
applications that the Module Meta-TEDS, the transducer specific TEDS, the Calibration TEDS and the
Commissioning TEDS will be stored within the TBIM. This will require something in the range of one
kilobyte of non-volatile memory in the TBIM for each transducer.
Required TEDS - There are three TEDS that are required for operation of the system. The Module Meta-
TEDS defines the characteristics of the TBIM as a whole. The system the communications capabilities of
the TBIM are included in this TEDS. This will include such things as which communications channels are
implemented and the range of operating frequencies. It will also define whether or not the TBIM has
CDMA capabilities. There is one Module Meta-TEDS for each TBIM. The Transducer Specific TEDS
then describe the characteristics of each individual transducer. There is one Transducer Specific TEDS for
each transducer in the TBIM. In general these TEDS will be small containing only a few hundred bytes.
However, the memory requirements for the TBIM will vary depending on the number of transducers in the
TBIM. The third required TEDS is the Commissioning TEDS. This TEDS is provided by the TBIM
manufacturer in the form of a sixty-four bytes of memory into which the user may write the parameter name
associated with this transducer. This TEDS is not absolutely required  for system operation but is needed to
support IEEE 1451.1 and is believed to be useful in most systems. It will allow a TBIM to be set up in the
laboratory or on the system for a particular application and then installed on whatever bus is convenient. The
system can then identify the individual transducers in terms of their intended application rather than their
Universal Unique Identifier (UUID).
Optional TEDS - There are several optional TEDS identified in the standard. All of the TEDS allowed in
IEEE 1451.2 are included. The optional TEDS which is expected to be utilized the most often is the
Calibration TEDS. This TEDS provides the constants necessary to convert the raw data into an engineering
units form for sensors or to convert data from engineering units form to the form required by an actuator.
Several other TEDS types are included. A Transfer Function TEDS can be used to describe the
characteristics of a transducer in response to varying input frequencies. A Control Commands TEDS is used
to define additional commands that are not included in the standard. These commands are useful when
setting up the electronics associated with a transducer since every different transducer type and
manufacturer will require a different set of setup commands.
Manufacturer Specific TEDS – Provisions are made in the standard for manufacturers to define their
own set of TEDS that can be used to control or set up individual capabilities within a TBIM. For example,



suppose a manufacturer desires to include a programmable digital filter with a TBIM. The manufacturer can
define a TEDS that the TBIM knows how to interpret and use information in the TEDS to set up the digital
filter. This could be used in either of two ways. If the manufacturer was selling transducers with different
frequency response characteristics that were based on a single design, then the manufacturer could define
and use this TEDS within the factory and not disclose its existence to the user. If the manufacturer wanted to
sell this device and allow the user to program the digital filter then the TEDS would need to be disclosed to
the user and the manufacturer would need to describe its structure to the user so it could be written. The use
of Manufacturer Specific TEDS allows different characteristics to be downloaded into a TBIM in a
standard fashion and if field upgrades to a device are required they can be loaded into the device without
removing it from the users system in most cases. All Manufacturer Specific TEDS are optional.
Text-Based TEDS - There are Provisions in the standard for including Text-Based TEDS in the TBIM or
as virtual TEDS that will be able to be displayed by a web browser. To this end the Text-based TEDS are
to be written in the eXtensible Markup Language (XML) that is becoming popular on the Internet. XML
provides the ability to provide information to be displayed as well as information on how to display it. This
gives the manufacturer almost unlimited ability to supply data and have it displayed to the user in the desired
format. When this is coupled with the capability to provide virtual TEDS manufacturers are expected to be
able to supply operating instructions and even complete users manuals in this form. All Text-Based TEDS
are optional.

COMMUNICATIONS CAPABILITIES

There are several capabilities that are allowed in the standards that place requirements on the physical layer
in the system. The streaming attribute that can be used for sensors requires that TBIMs be able to utilize
independent communications channels. The reason that streaming requires independent communications
channels is so that the time of the sample can be determined in the bus controller rather than in the TBIM.
The desire to be able to time tag the samples in the bus controller rather than in the TBIM is one of cost.
One goal of the working group is to be able to minimize the cost of the TBIM since there are many of them
in a system at the expense of the bus controller since there is only one bus controller per bus. A similar
requirement is placed on the communications by Event Sensors. The event sensor should be as simple or as
complex as the manufacturer wants to build and for simple devices the time of the event needs to be
determined in the bus controller not the TBIM.
Two physical layers are being defined in the standard. The original physical layer planned for the standard
uses cable TV technology and chip sets. Using this technique multiple RF carriers are combined on a single
cable. Each communications channel can support a single high bandwidth TBIM or can use one of two
techniques to place many TBIM outputs onto the same frequency. The first approach is Time Division
Multiplexing (TDM). In this mode of operation the bus controller will issue commands and the devices will
respond. With this mode of operation only the device addressed in the command will respond so there is no
need for collision detection. This capability can be expanded by using multiple center frequencies to allow
multiple devices to respond at the same time by assigning then to different center frequencies. A second
technique can be used to place multiple communications channels on the same frequency and that is the use
of Code Division Multiple Access (CDMA). CDMA has recently been popularized by its use in cellular
telephones. This technique allows many devices to share the same frequency, to transmit simultaneously and
not to interfere with each other. The second physical layer eliminates the RF circuits and does all



transmissions at the base band. Using this technique in conjunction with TDM allows a large number of
devices to be used on the same bus but only one device can communicate at one time. However this
technique can be expanded by the use of CDMA. Using CDMA in base band communications allows
multiple devices to talk on the bus at the same time without interfering with each other. The frequencies
chosen for the RF modulation techniques are such that both the RF and the base band communications
channels can co-exist on the same cable.
The RF systems are useful when wide bandwidth channels are required or where very large numbers of
channels are requires on a single cable. The other reason for using the RF technique is when the cable length
exceeds 100 meters. The RF technique will allow bus lengths of a few kilometers with a properly designed
system. As an example of a system that might want to use the RF techniques consider a security system
utilizing several video cameras (sensors) and a series of door and window position sensors. This system
needs a wide bandwidth channel for each camera that will be transmitting simultaneously. For example lets
assume that there are five cameras, one on a door and one each for four windows. Since most activity is
expected to occur around the door a dedicated communications channel might be assigned to that camera
and the other four cameras could share a communications channel by having the bus controller select which
one can use it at any given time. A separate communications frequency could be shared with the position
sensors by having the bus controller poll them (TDM). Another option for the position sensors would be to
make them event sensors and assign each one of them a different code using CDMA. With this arrangement
each of the event sensors can be armed by sending it a trigger and it can report a change of state any time
one happens without concern for anybody else being on the channel. Another possible configuration would
be to put the cameras on two RF channels and to operate the position sensors on a base band channel using
CDMA techniques.
Three communications channels are defined in the standard. They are listed in Table 2. The synchronization
clock is not considered a communication channel but is included in the table for convenience.
Table 1 lists some of the functions that are expected to be performed within the TBIMs using one or more
of the communications channels.

WIRELESS TECHNIQUES

Wireless techniques are not being included in the standard at this time for several reasons. The major reason
being that while wireless techniques are great for many applications, systems with many transducers that
must remain in place for long periods of time, the ability to provide power over the communications medium
is an overriding need. However, many on the working group have a desire to move to wireless for some
applications in the future and some are working on them now. The group is considering wireless when
decisions are made with the intention that the standard can be expanded to include wireless capability or a
new standard can be derived from this one with minimum changes in the future.



Table 1—Functions performed in a TBIM

Function Comments
Discovery Discovery is the process by which that the TBC can learn what devices are installed on a

particular bus. It is accomplished using a special procedure based upon reading the UUID
in the TBIM.

Bus Set Up Bus set up involves reading the Transducer Electronic Data Sheets (TEDS) and any other
required control structures from the TBIMs and using that information to configure the
interface to the bus.

Transducer Set Up Transducer set up involves reading the TEDS and any other required control structures
from the TBIMs and using that information to configure each transducer on the TBIM as
required for the system.

Control Control functions involve the control commands that are required to control the operation
of the TBIM while the system is being set up or when it is running.

Status Each TBIM has a status register or registers that are used to inform the TBC of the
condition or state of the TBIM. These registers can be read over the bus.

Service Request A service request is much like a computer interrupt. As such it allows a TBIM to inform
the TBC that something has changed within the TBIM. The main difference between an
interrupt and a service request is that there is no guaranteed response time between when
a service request is invoked and when the system gets around to servicing it.

Data Reads and
Writes

The transmission of data between the TBIMs and the TBC is the primary purpose of this
standard. There are several ways that these functions can be performed in the standard
depending upon which communications channels are available and being used.

Triggers A trigger is a specialized command that is used to cause a TBIM to take a specific action.
For example a trigger might cause a sensor to take 1000 samples of an input and transfer
the data to the TBC.

Synchronization The bus controller provides a clock that can be used by all receiving TBIMs for any
desired purpose. Most commonly it is expected to be used in conjunction with the trigger
to synchronize operations between multiple TBIMs

Program Memory
Downloads

It will be necessary at times to load the contents of the memory in a device. These facilities
may or may not be available to the user since they are mainly intended for use when
manufacturing the TBIMS but they may be desirable when upgrading devices in the field.



Table 2 Bus Communications Channels

Function Description
Bus Management This bi-directional communications channel provides all of the capabilities required for

a system to be able to identify the TBIMs on the transducer bus, determine their
capabilities, set them up and operate them. It communicates at a frequency(s) defined
in the standard or at the base band and must be in all TBIMs. It operates in a
command/response mode and has a relatively low bandwidth. For very simple
systems this may be the only communication bus in the system. In more complex
systems this communications channel allows the bus controller to discover new
devices on the system, set up new devices and run diagnostics without impacting the
operation of the rest of the system.

TBIM The TBIM Communications channel is also bi-directional and provides most of the
capabilities of the bus management communications channel but has a higher
bandwidth. If RF techniques are used the operating center frequency(s) that can be
defined by the system. It cannot perform the discovery function or the initial bus setup
(see Table 1). For systems with relatively low bandwidth requirements all data
communications may take place over this bus.

Data Transfer This uni-directional communications channel is used to transfer data from the TBIMs
to the bus controller or from the bus controller to the TBIMs. There may be many of
these in a system operating at different center frequencies or codes. They can be used
for high bandwidth data transfers or they can be shared by many transducers by using
Code Division/Multiple Access (CDMA) techniques. These communications channels
become important when streaming sensors or event sensors are used in a system.
They will also be needed when wide bandwidth channels are required.

Synchronization This function will be performed by supplying a sine wave clock at a relatively high
amplitude over the wires. The frequency of this clock will be defined in the standard
once the physical layer is fully defined and will probably be in the 10 to 100 MHz
range. For base band operation a square wave clock will be included with the data to
perform this function.
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ABSTRACT

NASA/Marshall Space Flight Center (MSFC) is continually looking for methods to reduce cost
and schedule while keeping the quality of work high.  MSFC is NASA’s lead center for space
transportation and microgravity research.  When supporting NASA’s programs several decisions
concerning the avionics system must be made.  Usually many trade studies must be conducted to
determine the best ways to meet the customer’s requirements.  When deciding the flight data
system, one of the first trade studies normally conducted is the determination of the data bus
architecture.  The schedule, cost, reliability, and environments are some of the factors that are
reviewed in the determination of the data bus architecture.  Based on the studies, the data bus
architecture could result in a proprietary data bus or a commercial data bus.  The cost factor
usually removes the proprietary data bus from consideration.  The commercial data bus
architecture’s range from Versa Module Euro card (VME) to Compact PCI to STD 32 to PC 104.
If cost, schedule and size are prime factors, VME is usually not considered.  If the prime factors
are cost, schedule, and size then Compact PCI, STD 32 and PC 104 are the choices for the data bus
architecture.

MSFC’s center director has funded a study from his discretionary fund to determine an optimal
low cost commercial data bus architecture.  The goal of the study is to functionally and
environmentally test Compact PCI, STD 32 and PC 104 data bus architectures.  This paper will
summarize the results of the data bus architecture study.
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INTRODUCTION

All programs whether large or small are always looking for methods to minimize the cost and
schedule of their projects, while at the same time keeping the quality and reliability high.  To
accomplish the trade of resources versus quality, the project usually conducts several trade studies.
One of the first avionics trades undertaken is the determination of the data bus architecture of the
avionics data system components.  The cost, schedule, reliability and expected environments are
some of the factors that are considered when determining the flight data system components data
bus architecture.  Based on the trade study factors, the data bus architecture could result in
proprietary data bus or a commercial data bus.  Based on the cost and schedule factors, the
proprietary data bus is usually removed from consideration.  The commercial data bus
architectures available range from Versa Module Euro card (VME) to Compact PCI to STD 32 to
PC 104.  If cost, schedule and size are driving factors, then VME is usually not considered.  If the
trade studies prime evaluation criteria are cost, schedule and size, then Compact PCI, STD 32 and
PC 104 are good choices for the data bus architecture.

NASA/Marshall Space Flight Center’s (MSFC) center director has funded a study to determine
optimal low cost commercial data bus architecture for flight data systems.  A small data
acquisition system was the data system that would be tested.  The goal of the study was to
functionally and environmentally test a Compact PCI system (cPCI), a STD 32 system and a PC
104 system and determine their operating characteristics.    The functional and environmental test
requirements would be a composite of several different programs.

The original goal of the study was to choose a commercial data bus architecture that could meet
the requirements of a variety of programs.   To accomplish this goal, the testing would be done
with off-the-shelf hardware and software.  Several manufactures were sought for this study, though
for comparison, it would have been a benefit to study bus architecture from a single manufacturer.
For the STD 32 and cPCI systems, a single manufacturer was available and utilized.  The PC 104
bus system had many vendors, none of which made STD 32 or cPCI for the purpose of this study.
It turns out however, there is a manufacturer that fabricates both the cPCI and STD 32 hardware.

Several components were purchased for the study of bus architecture, comparing the PC 104, STD
32 and cPCI.  Some components were acquired using project funding if the project was to benefit
from the study. Fully functional systems along with individual components that would make up a
complete system were procured.  These components range from the Central Processing Units
(CPU), video cards, hard drives and memory products, to enclosures and stack systems.

All the systems had peculiarities, especially between vendor’s components.  Though each bus
system is a standard bus architecture, embedded or bios software was not always compatible with
other vendor’s hardware.   When complete systems were delivered from vendors, anomalies were
few and far between.  Piecing the components together to make a system was the source of many
disappointments.  The operating system was the common thread used between systems.  All were
operated in ROM-DOS, an embedded computer operating system.  Later, different operating
systems were installed and evaluated on their ease of installation.  During the procurement of the
hardware and software, it became apparent that the original goal of comparing the data bus



architectures equally could not be accomplished.  Each architecture had problems that prevented a
head to head comparison from taking place.

This paper will briefly describe the STD 32, Compact PCI and PC 104 data bus architectures, give
summary of the items procured and describe what the study was able to accomplish.

STD 32

The STD 32 bus architecture was established in 1990 and is a superset of the STD-80 series
architecture.  It extends the capabilities of the STD-80 series standard while remaining compatible
with existing cards.  Figure 1 shows an example of a STD 32 board.  The board size is 4.5” x 6.5”
with a 136-pin connector.  The STD 32 bus provides a 32-bit wide data bus to support 8, 16 and 32
bit data transfers.  The architecture uses a card cage.  If VME power usage is considered high, the
STD 32 power usage is medium.  For more information concerning the STD 32 specifications, the
STD 32 website is http://www.std32.com/.

Figure 1- STD32 Form Factor

During the procurement of the STD 32 hardware it became very obvious that the architecture is not
supported by many vendors and it appears to be slowly phased out.  For example, a rugged flight
chassis had been procured for a previous program and it was decided that this chassis would be



ideal to test.  However, during the procurement of the chassis, it was discovered that Kinetic
Computer Corporation no longer produced a rugged STD 32 chassis. Kinetic Computer
Corporation was the only vendor that was identified that supplied rugged enclosures.  Table 1
shows a list of the hardware procured and its manufacturer.  Table 1 shows that there are two
principal vendors of STD 32.  An extensive search was made for STD 32 vendors and it was
determined that Versalogic and Ziatech produce the majority of the hardware.  However, during
the procurement of the hardware, it appeared that Ziatech was phasing out the production of STD
32 hardware.

The study did not purchase a complete and fully functional system from a vendor.  Because there
are very few manufacturers of this standard bus system, difficulty occurred during the acquisition
of the necessary components to make up a system.  This bus architecture was the most difficult to
work with.  Neither system worked from power up.  Each system had to be adjusted and
configured as necessary.  After finally getting the system to recognize specifically required
hardware, it would boot to the floppy disk drive or the resident memory chip.  The BIOS on these
boards must be original to STD.  It was never able to recognize a hard drive greater than 2
gigabytes.  After many changes to the BIOS, the best either of these systems would do is recognize
a 2-GB hard drive and boot to DOS from the floppy.  This difficulty makes this type architecture
nearly useless in today’s avionics systems.  Several years ago, when this architecture was in its
prime, the 2-GB limit was nearly unobtainable.

Vendor Description
Versalogic Corporation
Versalogic Corporation

Table mount 4-slot chassis
Hard Drive Carrier Card (no HD included)

Versalogic Corporation AMD CPU w/ Video and I/O built-in
Versalogic Corporation 80 watt Power Supply

Ziatech Corporation Intel CPU with Video and I/O built-in
Ziatech Corporation Intel CPU with Video and I/O built-in
Ziatech Corporation IDE Interface (no HD included)
Ziatech Corporation Floppy Drive/Carrier
Ziatech Corporation PCMCIA Interface
Ziatech Corporation Development Kit

Sensoray Smart I/O Data Card, 16 channel
Kinetic Computer Corporation Rugged Flight Chassis

Table 1- STD 32 Hardware Vendors and Description

COMPACT PCI

Compact PCI (cPCI) is an adaptation of the Peripheral Component Interconnect (PCI)
specification for industrial or embedded applications requiring a more robust mechanical form
factor than desktop PCI.  Figure 2 shows a cPCI board.  The form factor defined for cPCI is based
upon the Euro card industry standard.  Both 3U (100mm x 160mm) and 6U (233.5mm x 160mm)
board sizes are available.  The 3U form factor supports the 64-bit cPCI bus.  The 6U form factor is
used when additional board area or connector space is required.  A cPCI system consists of one or



more bus segments.  Each bus segment consists of one system slot and up to seven peripheral slots.
The system slot board provides arbitration, clock distribution and reset functions for all boards on
the segment.  The peripheral slots may contain simple boards, intelligent slaves or PCI bus
masters.  cPCI uses a back plane.   The board connector has 220 pins and is divided into two
halves.  cPCI’s power usage is medium when compared to VME, which has a high power usage.
For more information concerning the cPCI architecture, the cPCI website is
http://www.picmg.org/gcompactpci.htm.

When initial research for the study was being done, it was very evident that cPCI had the most
potential of any of the bus architecture’s being evaluated.  cPCI has all of the benefits of VME plus
some without having the negative factors of VME.  cPCI is based on the PCI bus protocol.
Therefore much of the software and test equipment designed for personal computers is directly
applicable to cPCI.  The cPCI architecture is inherently fault tolerant.  The 6U board form factors
are so similar between VME and cPCI that all of the VME ruggedization techniques apply to cPCI.
Even with all of the similarities between cPCI and VME, cPCI costs a fraction of VME.

Figure 2- Compact PCI Form Factor

The cPCI hardware was easily procured and had a wide range of vendors supporting it.  Table 2
shows a list of hardware that was procured.  The study tried to procure hardware that either had a
good heritage or was recommended.  The study discovered that no rugged off-the-shelf cPCI
chassis existed.  Two complete 3U form factor operating systems were procured.



Table 2- Compact PCI Hardware Vendors and Description

The first system was a table mount rack system from Gespac Corporation.  It operated through a
266 MHz Mobile Pentium II, with 128 MB of RAM. Separate from the CPU card was the video
card and power supply.  It worked from the flip of the power switch.  It booted to a hard drive with
the Windows NT operating system.  The other complete system, from Ziatech Corporation, was a
19-inch rack mount development system.  It too was based on the mobile 266 MHz, Pentium II
processor with 128 MB of RAM. The video card was also a separate card.  Several spare CPU and
video cards were purchased as backups.

PC 104

PC 104 and PC 104 Plus specifications were established in 1992 and 1996, respectively.  The PC
104  Plus specification establishes a standard for the use of a high speed PCI bus in embedded
applications.  Incorporating the PCI bus within the PC 104 form factor provides fast data transfer
over a PCI bus, low cost due to PC 104’s stacking bus (no back plane or chassis required) and
ruggedness.  The module size is 3.6” x 3.8”. Figure 3 shows a PC 104 module.  Since the system is
based on personal computer design, PC 104 is compatible to existing PC software and test
equipment, thus significantly reducing the cost and schedule.  PC 104 has a 104-pin connector,
while PC 104 Plus has a 120-pin connector.  The PC 104 Plus architecture is compatible with all
PC 104 modules.  Since there is no back plane, the modules attach to each other via the data bus
and the four corner mounting holes.  This makes the design inherently rugged.  The power usage
for PC 104 is low compared to all of the other architectures evaluated. For more information
concerning the PC 104 and PC 104 Plus specifications, the website address is
http://www.pc104.org/.

Based on its low cost several MSFC microgravity programs are interested in using PC 104.  The
study tried to utilize the experience of these programs when procuring the hardware.   The MSFC
Avionics Department is conducting another study to qualify a PC 104 system to a space
environment

Vendor Description
Gespac Corporation
Gespac Corporation

Video Card
Intel CPU with I/O built-in

Gespac Corporation Power Supply
Gespac Corporation 6-slot rack
Ziatech Corporation 19" Rack mount System
Ziatech Corporation Intel CPU with I/O built-in
Ziatech Corporation SVGA Card
Ziatech Corporation Intel CPU with I/O built-in
Ziatech Corporation SVGA Card
Ziatech Corporation Intel CPU with I/O built-in
Ziatech Corporation SVGA Card

Sensoray Smart I/O Data Card, 16 channel



       Figure 3- PC 104+ Form Factor

Since PC 104 has a large number of vendors supporting it, the study was able to procure one
complete system and several additional modules.  Table 3 shows the hardware vendors and a
description of the hardware procured.  Real Time Devices (RTD) built the system.  It is similar in
design to the system used in the Bridgman Unidirectional Dendrites in a Liquid Experiment
(BUNDLE).  The study procured a complete system to compare against the BUNDLE system.
The RTD system consisted of a 233 MHz speed Pentium type processor made by Cyrix.  It had a
memory capacity of 128 MB.  Stacked on the CPU card was a SVGA video card.  The CPU and
video cards were of the PC 104+ form factor.  Continuing the stack was a hard drive utility module
with a 5-MB hard drive.  The system had a floppy drive connection as needed.  Stacked upon the
hard-drive utility card were two data module cards.  For simplicity, these cards were not utilized.
A Diamond Systems DMM-32XT, 32 channel A/D board, replaced them.  Because the BUNDLE
program had experience with this card, software was available that drove it.  This system worked
well from the beginning.  The BUNDLE system had problems from the beginning.  It was
originally purchased as separate components and integrated in-house.  It would never work when
the cards were stacked in-house.  Ultimately, it was sent to the vendor for repair and returned in
working order, it has been operating since.  This said, it is better to buy the entire system from the
manufacturer in operating condition, loaded with the appropriate operating system.  The RTD



system came with aluminum rings that fit around the modules.  When stacked together, the rings
formed a rugged enclosure around the modules.

Vendor Description
Advanced Digital-Logic
Advanced Digital-Logic

Intel CPU with Video and I/O built-in
Intel CPU with Video and I/O built-in

Advanced Digital-Logic Intel CPU with Video and I/O built-in
RTD-USA Cyrix Geode CPU - IDAN system
RTD-USA Utility Module
RTD-USA Hard Drive Utility Module (5 GB)
RTD-USA SVGA Video Utility Module
RTD-USA Data Module
RTD-USA Data Module
RTD-USA Power Supply Module

Ampro Corporation Intel CPU with I/O built-in
Ampro Corporation SVGA Video Module

Advantech STPC CPU with Video and I/O built-in
Sensoray Smart I/O Data Card, 32 channel

Diamond Systems 32-channel A/D card
Tri-M Systems Vehicle Power Supply

Parvus Fan Card

Table 3 – PC 104 Hardware Vendors and Description

Conclusion

Although the original goal of functionally and environmentally testing STD 32, Compact PCI and
PC 104 bus architectures was not accomplished, the study provided valuable insight into the bus
architectures.  From all indications, STD 32 appears to be the least supported architecture and is
not recommended for use in the development of a flight data system.  PC 104 architecture is
widely supported and has many positive attributes.  For example, it is small and consumes low
power.  There are many vendors that manufacture PC 104 systems; therefore, there is minimal
integration required.  PC 104 was the only system that had a rugged chassis available.  There were
two problems identified with PC 104, the systems get very hot during operation and if an
experiment requires a large amount of I/O signals, the system can become very large.  Compact
PCI has the most capability and potential of any of the architectures evaluated.  It is widely
supported by industry.  Using a form factor of VME allows it to gain the benefits of VME without
the cost of VME.  The only Compact PCI drawback identified was the lack of a rugged chassis.
However, it is only a matter of time before a chassis is developed.

The study was able to eliminate the STD 32 bus architecture from consideration for future use.
Evaluating the functional and environmental requirements of different programs, there is not an
ideal data bus architecture.  Depending on the program requirements, Compact PCI and PC 104 are
good options to develop a flight data system.
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ABSTRACT

This paper presents a progress report on Global Air Traffic Management (GATM) avionic system test
activities at the Air Force Flight Test Center. In many parts of the world today the continuing growth of
commercial air traffic is running up against limits brought on by overuse of aviation resources. Air
corridors in Europe and on transoceanic air routes are operating at maximum capacity. Civil Aviation
Authorities (CAAs) are working these challenges on two levelsnear-term incremental improvements
and long-term visionary changes. Each country has a CAA; ours being the Federal Aviation
Administration (FAA). Near-term solutions focus on better utilization of resources such as air space and
frequency spectrum and improved performance of air traffic control facilities. Long-term visionary
changes, such as free flight, could fundamentally change the current civil aviation business process
model. CAA policies and standards are driving near-term improvements and migration toward long-term
objectives. This initiative is referred as Communication Navigation Surveillance/Air Traffic
Management (CNS/ATM). Implementation of the U.S. military’s vision, Global Reach/Global Power,
requires the ability to rapidly deploy armed forces to major regional conflicts anywhere in the world,
and to sustain these forces for as long as it takes to resolve these conflicts. To achieve this goal and
accomplish rapid deployments while at the same time minimizing costs, the Air Force has adopted a
solution that makes extensive use of CNS/ATM. The Air Force calls its initiative Global Air Traffic
Management (GATM). Air Force aircraft equipped with GATM avionics will be able to use CNS/ATM
capabilities such as reduced vertical separation minimum (RVSM), 8.33 kHz data links, automatic
dependent surveillance - broadcast (ADS-B), and global communication networks. These capabilities
make possible improved flight safety, lower fuel costs, and quicker turn times. The Air Force Flight Test
Center supports the GATM initiative by providing Air Traffic Control (ATC) Communications Test
Facilities and Avionic System Test (ACTFAST) capabilities to support aircraft modification programs.

KEYWORDS:  CNS/ATM, GATM, ACTFAST, CAA, FAA, ATC, RVSM, and ADS-B.

1.0  Background.

“The tremendous growth in air traffic presents increasing challenges for air traffic service providers, air
carriers, and the military. The air traffic control system requires significant upgrades to increase system
capacity and flight efficiency while continuing to meet flight safety standards. The International Civil
Aviation Organization (ICAO), Federal Aviation Administration (FAA), and other civil aviation
authorities (CAA) are implementing a new air traffic management architecture to meet this need. This
new architecture takes advantage of emerging technologies in communication, navigation, and
surveillance (CNS) to improve air traffic management (ATM). The civil aviation community refers to
this new architecture as CNS/ATM. Due to the major impact to DOD global operations, this document
refers to these new concepts as Global Air Traffic Management (GATM).” [1]



2.0  GATM Avionics System Test at the AFFTC.

The AFFTC pioneered a new method for testing RVSM compliance and a unique Air Traffic Control
(ATC) Communication Test Facility and Avionics System Test (ACTFAST) capability.

Reduced Visibility Separation Minimum (RVSM) Certification.

The AFFTC led the way in developing a low cost alternative method for certifying military flight
vehicles for compliance with RVSM. That method made use of an instrumented pacer aircraft in place
of the conventional trailing cone. The pacer method was developed in response to the then costly Class
II modification & demodification to the aircraft under test that was required to employ the trailing cone
method. New methods have been found, since then, to employ a trailing cone without the necessity for
Class II modification & demodification. The pacer method remains a low cost alternative method for
certifying military flight vehicles when considered as part of comprehensive package that satisfies the
complete GATM avionics test requirements. [2]

ATC Communications Test Facility & Avionics System Test (ACTFAST)

The AFFTC, working with ARINC, developed and installed a unique ATC center at Edwards AFB CA.
ACTFAST is an ATC center similar to those used by the FAA to keep track of commercial and military
aircraft while they are en route or during the high-altitude phase of their flights. The intended uses of
ACTFAST are to assist aircraft modification centers and system integration labs in integrating GATM
avionics into military flight vehicles and hardware test beds by supplying a dedicated ATC center with
integrated avionics data-link communications test capabilities.

Several important features make ACTFAST unique among ATC centers. (1) It is a schedulable asset
available to AFFTC customers 24/7. (2) It provides extensive data-link message capture and analysis
capabilities. (3) It provides dedicated VHF test frequencies for tests that take place within the R-2508
restricted airspace. (4) Via its connection to a global aviation telecommunications network, ACTFAST
is capable of supporting military air-vehicles and system integration labs worldwide.

ACTFAST is invaluable during the Test & Evaluation phases because it enables testing of avionics data-
link messaging by comparing actual results against performance specifications, standards, Technical
Orders, and operational requirements. During the Modification T&E phase, ACTFAST may be used to
evaluation avionics modifications, upgrades, or improvements. During the Operational T&E phase,
ACTFAST may be used to help support the Operational Assessment by providing test data to support
the evaluation of operational effectiveness and suitability of GATM avionics. Operating units (such as
the 89th Air Mobility Wing at Andrews AFB DC and the Speckled Trout at Edwards AFB CA) have
already made use of ACTFAST to assist in their Operational Assessment of fielded GATM avionics.

3.0  ATC Communications Test Facility and Avionics System Test (ACTFAST)

System Architecture:

The overarching GATM architecture in which ACTFAST resides is shown in Figure 1. Within this
architecture, the management functions reside at the Air Traffic Control (ATC) centers (operated by the
Civil Aviation Authorities, of which the FAA is a member) and the Air Operations Centers (AOC). The
AOCs are operated by the organizations that own and operate the aircraft. These are the airlines
(American, Delta, FEDEX, etc.), the engine manufacturers (GE, Pratt-Whitney, etc.), and various
military organizations such as Tanker Airlift Commend Center (TACC). ACTFAST has worldwide



communication capabilities by being connected to the global aviation data-link network. The global
network is made up of landlines, Very High Frequency Data Link (VDL) ground-stations, High
Frequency Data Link (HDL) ground-stations, and communication satellite networks. The network
provides worldwide routing of ATC and AOC data to and from aircraft en route. Through this vast
network, ACTFAST can communicate with aircraft, ATC centers, and AOCs throughout the world.
ACTFAST is capable of performing the functions of and ATC center. ACTFAST is also capable of
emulating a generic AOC. [3]

Figure 1. System Architecture

The GATM avionics environment is shown in Figure 2. The aircraft is equipped for Air Traffic Services
(ATS) messages, such as ACARS [Aircraft Communication Addressing & Reporting System] (also
called VDL Mode 0) and VDL Mode 2. The aircraft Communications Management Unit (CMU) is
capable of using either HF or VHF ground stations or SATCOM. The CMU selects the least expensive
means of communication from whatever is available.

Initial Demonstration Cgpability (IDC):

The IDC system, shown in Figure 3, has been in operation since September 2000. This system is
currently being operated and maintained by the developing organization (412 TW/DRP). The IDC
system is composed of a single workstation group (comprising three workstations) and three VHF radio
Integrated ARINC Ground Stations (IAGS). The workstations are used for ATC, AOC, and Test. Three
IAGS with 5 VHF transceivers total are currently operational. All transceivers are configured for the
ACARS (VDL Mode 0) message capability The ACARS transmission rate is at 2.4 kh/s. The salient
characteristics are shown in Table 1 for the IDC installation.



Figure 2.  GATM Avionics Environment

Figure 3.  Initial Demonstration Capability (25 Sep 00)



To date the IDC system has been used to support testing for the following organizations:

• Speckled Trout, Edwards AFB CA
• 89th Air Wing, Andrews A-FB MD
• Reconfigurable Cockpit Avionics Test bed (RCAT), Hanscom AFB MA
• C-17 System Integration Lab(SIL),Long Beach CA
• C-17 Around the World Flight, DET 5, Edwards AFB CA

Initial Operational Capability (IOC):

The IOC system, shown in Figure 3, will transition to operational status in October 2001. The Range
Division (412 TW/LGR) will assume responsibility for operation and maintenance of the system at that
time. The IOC system is composed of two workstation groups (comprising three workstations) and three
VHF radio Integrated ARINC Ground Stations (IAGS). All three IADS will be located at Building 4970.
One will be a spare along with two VHF transceivers. The two operational IAGS will be populated with
six VHF transceivers each for a total of twelve operational altogether. The salient characteristics of the
IOC installation are shown in Table 2. A Calibration Reference System (CRS) will be available for the
IOC system that will provide an independent aircraft reference and a calibrated signal source.

Figure 4. Initial Operational Capability (1 Oct 01)



4.0  ACTFAST Test Scenarios

Thee different test scenarios are described. The first two scenarios involve flight-testing avionics
systems installed in aircraft. The third scenario involves testing avionics systems installed in non-flying
test-beds. The following organizations and personnel are involved in activities required to plan, initiate,
execute and close out a Test Project. The Project Management Directorate (412 TW/DR) is responsible
for all phases of the Test Project Management process. The Test Project manager is responsible for
interfacing with the customer and the AFFTC organizations that supply the test resources necessary to
execute the Test & Evaluation phases. The AFFTC Scheduling Office is responsible for scheduling and
coordinating all flying operations at Edwards AFB. The Range Division (412 TW/LGR) is responsible
for setting up and executing Flight Test Missions. The Avionics Engineering Division (412 TW/ENV) is
responsible for executing the Avionics Test & Evaluation process. The key players involved in
executing a specific ACTFAST test mission and their roles are as follows:

• Range Control Officer (RCO). Responsible for ACTFAST operations. Assigned by the Range
Division.

• Test Conductor. Responsible for the “ground-side” avionics test activities and for evaluating the
test results. This is normally an Avionics Test Engineer assigned by the Avionics Engineering
Division.

• Aircrew. Responsible for the “air-side” avionics test activities.

Addition operations players who may be involved as required to support the mission may include the
following:

• ACTFAST System Administrator
• ARINC Network Operation Center Administrator
• ARINC System Test Bed Administrator



Avionics-Platform System Integration Testing in the R-2508 Restricted Airspace

In this scenario the aircraft under test flies in the R-2508 Restricted Airspace. The following
AFFTC/ARINC resources are required to execute this test:

• ACTFAST
• ARINC Network Operation Center (NOC) and System Test Bed (STB)
• ARINC STB audit file support
• VDL ground station(s)
• VDL test configuration (test frequencies and VDL mode)
• Mission voice frequencies within R-2508
• R-2508 Airspace Clearance
• Test Cards
• Range Control Officer
• Avionics Test Engineer

The following data items are produced:
• ACTFAST message log files
• Gateway/Router log files
• VDL Ground Station audit files
• STB audit files
• Report of test results

Avionics-Platform System Integration Testing in National or International Airspace

In this scenario the aircraft under test flies outside the R-2508 restricted airspace, in National Airspace
(NAS) or International Airspace (IAS). The following AFFTC/ARINC resources are required to execute
this test:

• ACTFAST
• ARINC Network Operation Center (NOC).
• ARINC NOC audit-file support
• SATCOM phone number (for voice contact with aircrew) and test times
• Airspace clearance with appropriate NAS or IAS ATC (not ACTFAST)
• Test Cards
• Range Control Officer
• Avionics Test Engineer

The following data items are produced:

• ACTFAST message log files
• Gateway/Router log files
• NOC audit files
• Report of test results



Testing with a Non-Flying Test-Bed at a System Integration Laboratory

In this scenario the aircraft under test is actually a non-flying test-bed at a System Integration Laboratory
(SIL). The following AFFTC/ARINC resources are required to execute this test:

• ACTFAST
• ARINC Network Operation Center (NOC).
• ARINC NOC audit-file support (as required)
• SIL (Simulated aircraft - no ATC coordination required)
• SIL phone number (for voice contact with SIL) and test times
• Range Control Officer
• Avionics Test Engineer

The following data items are produced:

• ACTFAST message log files
• Gateway/Router log files
• NOC audit files (as required)
• Report of test results (as required)

5.0  Conclusion

Two GATM test capabilities have been developed to date. These are (1) an RVSM certification method
using an instrumented pacer aircraft and (2) an ACTFAST demonstration system. The capabilities of
ACTFAST have been demonstrated widely for the past year and have shown promise. The ACTFAST
demonstration system is supporting customers today. An initial operational version of ACTFAST will be
ready for IOC in October 2001. The IOC system will include additional features such as Aircraft
Handoff between ATC Centers, initial AOC message sets, and a Calibration Reference System that will
provide an independent aircraft reference and a calibrated signal source.
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COMMON AIRBORNE INSTRUMENTATION SYSTEM;
A FRESH LOOK

Thomas Grace, Systems Engineer
Naval Air Systems Team

ABSTRACT

The US Government originally funded the development of the Common Airborne Instrumentation
System (CAIS) to address industry-wide compatibility, maintenance, and commonality issues. Although
initially targeted for US Department of Defense (DoD) programs, CAIS is also being used throughout
the world in many commercial applications. This paper provides a fresh look at the evolution of the
CAIS concept starting with some historical background of the CAIS Program, an overview of the CAIS
System Architecture and recent trends in the use of “Commercial Off The Shelf (COTS)” products and
technology.

KEY WORDS

Common Airborne Instrumentation System (CAIS), Commercial CAIS Products, Commercial Off The
Shelf (COTS), Data Acquisition Unit (DAU), Department of Defense (DoD), Flight Test
Instrumentation, PC- 104, Pulse Code Modulation (PCM), Telemetry.

CAIS PROGRAM OVERVIEW

Introduction

The Common Airborne Instrumentation System (CAIS) was funded by the United States Department of
Defense (DoD), through a tri-service program office, located within the Test Article Preparation
Department at the Naval Air Warfare Center. The purpose of CAIS is to facilitate commonality of flight
test instrumentation between aircraft types and interoperability between DoD test facilities. CAIS was
designed to support a broad range of airborne applications -- from a small test program requiring a few
parameters to a full-scale major weapon system test program -- while remaining independent of any test
platform.

Background

The Army, Air Force, and Navy have traditionally developed new airborne instrumentation systems for
each new major weapon system. This led to a proliferation of instrumentation systems across the
services. This proliferation is further amplified by the requirements of each test platform within the
services. Each of the Major Range and Test Facilities maintain and support a wide variety of
instrumentation systems for varying test platforms. Historically, these systems have had limited spares
and minimal commonality. Reutilization of these systems in other programs has been minimal, making
the cost of ownership high.

In order to increase supportability, interoperability, and reduce cost, the Office of Secretary of Defense
directed the development of CAIS. Successful use of CAIS by the F-22 and F/A-18E/F test programs



has led to growing support for CAIS. The CAIS program evolved from development of a core set of
hardware to the establishment of a DoD instrumentation bus standard. This was driven by policy
changes within the DoD and eventually led to a change in the CAIS acquisition strategy. Industry
acceptance of the CAIS bus interface standard has improved supportability, reduced cost and enabled
test facilities to leverage from each other’s investments while increasing options available to CAIS
users.

CAIS has changed the way DoD and major aircraft manufacturers develop and procure instrumentation
systems for major weapon system acquisitions. Rather than develop a new instrumentation system, the
CAIS bus interface standard enables integration of COTS with much of DoD’s existing instrumentation
hardware to meet performance requirements at the lowest cost.

CAIS STANDARDS AND PLANS

The CAIS Program Office developed several documents to help facilitate the commercialization of
CAIS. These documents are briefly described in the next several paragraphs.

Bus Standard

The CAIS Bus Interface Standard was written to provide a single document for equipment designers to
ensure interoperability among units on the CAIS bus. The standard establishes the requirements for
digital command/response, time division multiplexing techniques for a single CAIS bus. The interface
standard encompasses the physical, electrical, and protocol aspects of the CAIS bus. However, it is not
the intent of the standard to provide operational details for any unit.

Test Plans

The CAIS test plans were developed to ensure interoperability among vendor items that operate over the
CAIS bus. Currently there are two validation test plans - one for data acquisition units and one for CAIS
bus controllers. These general test plans deal only with functions that are described in the CAIS bus
interface standard. These plans do not specify tests that check the integrity of data within the subsystem
to the bus, nor does it attempt to address the system test requirements.

Configuration Identification

One of the features of CAIS is the ability to perform a configuration match test. This allows the ground
support equipment to interrogate all DAU addresses in the system to ascertain the configuration of the
system and identify what DAU addresses are in use and by which DAU type. Therefore, each DAU type
and sub-unit type must have a unique identification (ID) value.

PRACTICAL CHALLENGES AND CAIS SOLUTIONS

The Instrumentation Engineer faces a wide range of challenges in their day-to-day work. Equipment
compatibility issues, data systems being maintained beyond their service life, difficulties to expand
system capability and cost control are but a few of the practical, every-day problems. Even worse, it
seems that the right tool is seldom available to make the overall job easier.

The CAIS System has evolved to address many of these issues through the use of an “Open System
Architecture” and the insertion of the latest commercial technology and software products. A few
examples will be used to illustrate the point.



Example #1: The “Old Ground Station”

Existing (old) systems are big, expensive to use, limited in performance, and often are being used
beyond their maximum service life. New CAIS systems are small, fast, cheap, and powerful. Since they
are PC-based, they are easily expandable with both software and hardware add-ons with virtually
limitless growth potential.

Example #2: System Pre-flight Checkout

Existing (old) systems are large, complex, tedious to use, have significant learning cures, sparse
documentation, power hungry, and often are lacking performance. New CAIS pre-flight checkout
systems are based on portable computer equipment (laptop), with powerful software and hardware
features, integrated setup, programming and diagnostic tools, quick-look data capable, data archive to
disk capable and low cost.

Example #3: Vehicle Anomaly Investigation

Existing (old) systems must be physically brought out to the vehicle, have significant cabling and wiring
requirements, require cooling and protection from the elements, are labor intensive, and are costly to
maintain. New CAIS diagnostic tools are available in laptop configurations that can be brought out to
the vehicle or used within the vehicle, have resources to perform real-time diagnostics and data
validation, contain CAIS bus emulators to validate system performance- and connectivity, don’t require
that primary aircraft instrumentation be brought on-line, and do not rely on traditional telemetry or
ground instrumentation equipment.

CAIS SYSTEM EVOLUTION

The primary reason for the current advances within the CAIS System is the use of a proven “Open
System Architecture.” A set of “core” products forms the backbone of the system, while measurement-
specific products can be added to the system as required. Normally this kind of architecture results in
compatibility problems and difficulty during system integration. However, the CAIS architecture
prevents these problems since it is based on the same kind of architecture used in the commercial sector
to allow PC computers to easily work with peripheral hardware and network connections that are
manufactured by different companies. A new breed of “Commercial CAIS Products” is now emerging,
not unlike the wide range of commercial products and software available to support the PC computer.

The concept to incorporate products and software developed in the commercial sector has resulted ‘in
significant cost reduction, improved lead times, and significantly better performance. We have found
that, in many cases, commercially developed items surpass equivalent military products in terms of
price, performance, and reliability.

In addition, the evolving CAIS concept has enabled existing CAIS users to expand their in-place
systems using standard, low-cost commercial add-on products. Airframe manufacturers, vendors and
DoD test ranges are now rethinking how the evolving CAIS concept can provide greater flexibility,
increased capability and reduced cost.



CAIS SYSTEM ARCHITECTURE

System Configuration

CAIS is a time division multiplexed digital data acquisition system whose basic implementation consists
of distributed data acquisition units interconnected via the CAIS bus. The system controller orchestrates
the operation of the system and provides scalability of the system with additional CAIS buses. A CAIS
distributed system allows for the wiring of numerous sensing elements to be routed over a short
distance, while the wiring of the system interconnection requires four-wires to be routed over a much
longer distance.

The CAIS bus is a full-duplex communications network interconnecting a CAIS Bus Controller with
Data Acquisition Units (DAUs). The CAIS bus is a star/dalsy-chain hybrid configuration. The bus
carries commands from the CAIS bus controller to the various DAUs and returns the collected data to
the CAIS bus controller for output. The command/response bus provides the open architecture feature of
a CAIS interconnected system.

The CAIS bus in its most elemental configuration is shown in the figure below. The data bus functions
synchronously in a command/response fashion and transmission occurs in a full-duplex manner by
means of a command bus and a reply bus. CAIS is a deterministic bus that provides coherent data based
on the sample timing from the placement in the format. The information flow on the data bus is
comprised of broadcast commands that set the operating mode of the Data Acquisition Units (DAUs),
and DAU commands that request DAU specific actions. Therefore, all data on the reply bus is the result
of DAU commands from the bus controller. In addition, the bus can be used to communicate with other
system elements such as cockpit displays, recorders. This enables a single-point access to a wide range
of system information, as well as allowing the system to monitor critical data such as pilot switch
activity, pilot mission screen settings, and telemetry recorder status. Note that the CAIS bus not only
operates as an instrumentation bus, but as a vehicle-wide communications bus.

Figure 1:  Simple CAIS Configuration

A CAIS system can be configured with a single bus controller that controls a single bus or a system
controller that controls multiple CAIS buses as depicted in the figure below. The bus/system controller
orchestrates the collection and output of data from the system, regardless of data type. A typical
controller synchronizes the data output with the commands issued across the CAIS bus(es). Each CAIS
bus can handle up to 5Mbps of data; however, the system throughput can be greatly increased and is
only limited by the number of CAIS buses within the system. As the system grows it still maintains the



deterministic nature of the data acquired over the CAIS bus, including data acquired over several
interoperating CAIS buses. CAIS also supports simultaneous sampling of data across all buses.

Figure 2:  Expandable System Configuration

Measurement Capability and Growth

The CAIS system allows measurement growth through modularity within the individual system
elements. The growth can be addressed with the simple addition of a card or module, a remote unit or
even additional CAIS buses. Additional interfaces can often be added to system elements without impact
to the existing system thereby eliminating the need for retrofits to existing CAIS equipment. The
following is a partial list of the kinds of signal inputs and outputs available to the CAIS system:

• Simple Analog (potentiometer, discrete, accelerometers, thermocouples, strain gauge, etc.)
• Differential Transformer (Gyro’s, Synchro/Resolver, LDVT/RVDT, etc.)
• Multimedia (Video, Audio, etc.)
• Avionics data (MIL-STD-1553, ARINC-429, etc.)
• Serial data (RS-232/RS-422, Air data transducer, etc.)
• Processing (RMS, Derived parameters, etc.)
• Time and Position (GPS, IRIG, etc.)
• Acoustical (Microphones, Accelerometers, etc.)
• Multiplexed (Pressures, Thermocouples, PCM, etc.)
• Packetized data (Ethernet, USB, Fibre Channel, etc.)
• Display (Analog Indicators, Cockpit Display, etc.)



System Flexibility

The figure below depicts a multifaceted system that demonstrates the wide variety of interfaces that can
be accomplished with a CAIS system as well as some of the ongoing technology advancements being
used in today’s CAIS systems. New communication technologies such as Fibre Channel, inter-bus
bridges, and interconnection between standard aircraft bus types and the CAIS bus have resulted in
unprecedented system flexibility and improved data throughput. New system elements such as solid
state recorders, smart transducers, smart display systems, and enhanced performance data acquisition
components have found a natural home within the CAIS environment. Results from the current CAIS
generation are truly revolutionary. Future incorporation of wireless technologies and network sensors
promises to provide even greater performance improvements and cost reduction in the future.

Figure 3:  Dynamic System Configuration

CAIS APPLICATION EXAMPLES

Handling New Requirements

CAIS was primarily designed for use in a dynamic flight test environment. It is often used in
applications that call for frequent system changes, reconfiguration, channel distribution, and sample
reprogramming, which occur sometimes on a daily basis. The user of the CAIS system quickly realizes
that the best way to handle these kinds of changes is not by re-inventing the system each time a change
is required but to meet the need by adapting the existing system.

CAIS products are modular in nature and can be easily adapted to meet new requirements, in most cases
through the simple addition of a card or module. New cards/modules can easily be developed to handle
new measurement requirements within the need to retrofit the core chassis. This minimizes the impacts
to standard installations in satisfying unique requirements.

The CAIS office is continually monitoring the addition and expansion of the CAIS product family,
including specific measurement capabilities within the system. As the list grows, it is being offered to all
users for consideration on present and future applications. If you have a requirement, contact the CAIS
office. They can give you a list of what is currently available, and what is currently being developed.

Adapting to Installation Challenges

The CAIS DAUs are offered in a wide variety of form factors including 2” x 2” square and 4” x 5”
rectangular shapes that are modularly expandable or fixed volume but card configurable. The variety of



sizes allows the user to select the unit that best fits the need. These units are typically designed to fit
tight applications (i.e. fighter and trainers) as well as larger versions for “general purpose applications”
that are not size-limited and typically provide greater channel capacity. The products are generally
available in both commercial and industrial temperature ranges and are suitable for use in harsh
environmental applications such as a fighter.

Adding System Bandwidth

The CAIS system bandwidth is user-scaleable through the addition of multiple CAIS buses. Each CAIS
bus provides 5Mbps of bandwidth. If four CAIS buses are utilized the aggregate bandwidth capability is
2OMbps. In this fashion, multiple CAIS buses can be used to increase the total aggregate bandwidth of
the system.

The CAIS system can be configured to provide small networks of individual CAIS buses, each acquiring
data from MIL-STD-1553 (“all data” or “selected data”), video, radar, etc., from each network.

The CAIS system is very open ended since multiple buses can be added to provide the necessary system
bandwidth. However, in some situations, adding more CAIS buses may not provide the required
bandwidth. This may call for the “next level up”, involving the incorporation of a high speed multiplexer
in order to achieve the necessary system speed.

Testing and Integrating the System

The CAIS architecture gives the user a significant amount of flexibility. The system is easily adaptable
to changing requirements, modular in nature, and is non-intrusive. Any node within a CAIS system can
be tested independently of others. The bus provides considerable flexibility since the CAIS bus
continues to operate even when remote units are powered down. In addition, no splices are required to
split any CAIS bus wires since all interconnects are made by standardized connectors that are
transformer coupled.

The scalability of the system allows the Instrumentation Engineer to bring the system up in a piecemeal
fashion. The system can be incrementally assembled and tested in phases in order to simplify
troubleshooting and analysis. Individual system elements such as remote units can be added and tested
individually rather than testing the entire system as a whole.

Interoperability

The open system interconnection offered by the CAIS bus enables CAIS units to be integrated into
existing instrumentation systems. The CAIS system is interoperable with a wide variety of different
vendor hardware, allowing the Instrumentation Engineer to make maximum utilization of existing
equipment. This also benefits the user since interoperability allows the use of any vendor’s equipment
within the instrumentation system that best fits the requirements rather than the best single vendor
solution.

CAIS can be easily adapted to work with an existing system through development of a specific Bus
Interface Adapter (BIA). This technique can be used to interconnect inventories of heritage equipment.
For example, you can turn a PC into an active CAIS remote by putting a commercial PC-104 CAIS bus
interface adapter into the computer. Anything occur-ring on the PC back plane is then available to the
CAIS system, including data processed by the computer. In this scenario, the CAIS bus does not just
interface with the subsystem but actually converses with the subsystem.



Interoperability can also be as simple as adding a standard BIA card or module to an existing CAIS
element. This technique results in immediate interoperability with many common standards such as
Ethernet, USB, and other commercial buses.

Support Tools

Many support tools are available to simplify the Instrumentation Engineers’ job. In general, these tools
are extensions of existing commercial technology, adapted for use in the CAIS environment. They
include such things as handheld PCM decommutators (IRIG 106 Chapters 4&8), Palm Pilot Quick-
Look, PCMCIA PCM decommutator, bus interface cards, ruggedized potable support units, notebook
computer support units, and many more.

The software to control these computer-based tools has been fully integrated with the instrumentation
setup software. The result is that information is entered once and is automatically transferred to ground
checkout equipment without the need for data re-entry. This combination of tools and software results in
an integrated software/hardware environment for end-to-end development of instrumentation
configurations and for ground checkout and processing.

Modular Software

Software compatibility is a major issue to the Instrumentation Engineer. Object-oriented software
development techniques have become accepted throughout the commercial software development
industry over the past several years, and are currently making ingress within the military and
commercial flight test markets. CAIS’s software system has been specifically designed to exploit the
inherent technologies and benefits behind object-oriented software, as well as to simplify the integration
of software that has been sourced from several different vendors.

The key software technology leveraged for CAIS is the concept of “Software Components.” The idea is
that multiple vendors produce software components that work within in a common user environment,
just as easily as one would add a new printer to their PC computer. The result is that the end user can
select hardware solutions based on capability rather than the limitations on the associated support
software.

The advantage of this approach is that it facilitates a spiral development process that rapidly
demonstrates the functionality within an application. This enables both vendor and customer to benefit
by the early validation of requirements and thereby reduces the risk of missing capabilities and
integration difficulties associated with the new functionality. This compels the developer to not limit the
choices in component designs and to remain flexible in trading off functionality across components until
the components are verified and integrated. The component approach allows customers and vendors to
add additional functionality from other component developers as well. This ability to plug-in
components offers a significant advantage to the user.

A common software platform for configuring CAIS modules developed by multiple vendors greatly
enhances the user options in designing and supporting the ‘instrumentation system. In the near future, a
component developer’s specification will be published that provides an open environment that enables
any CAIS hardware provider to develop software components that will install and operate within a
component-manager environment. Individual vendors will deliver CAIS products along with the
appropriate software component/driver, vastly simplifying integration and reducing startup costs.



CONCLUSION

CAIS vendors are always evolving their products to keep pace with recent technology opportunities. The
use of these technologies in the commercial world has given way to a new paradigm that has provided
an affordable means for incorporating those technologies into CAIS systems. This has fueled a new
generation of CAIS airborne and ground products.

The implementation of the CAIS architecture in a more network-like fashion has enabled the transition
of current and future CAIS systems into the data acquisition network environment. The CAIS
architecture maintains the time/data deterministic nature of synchronous time division-multiplexed
systems while supporting emerging data packet technologies. These developments increase the value of
the CAIS concept and ensure that today’s investments will provide benefits well into the future.

New communication technologies such as Fibre Channel, Ethernet, USB, and inter-bus bridges as well
as the interconnection between standard aircraft bus types and the CAIS bus have resulted in remarkable
system flexibility and improved data throughput. New products such as Solid State Recorders, smart
display systems, and enhanced performance data acquisition components have found a natural home
within the CAIS environment. Future incorporation of wireless technologies and network sensors
promises to provide even greater performance improvements and cost reductions in the future.

Industry acceptance of the CAIS bus standard has enabled DoD’s usage of COTS equipment to promote
standardization, commonality, and interoperability between Test and Evaluation facilities. The COTS
products provide the user with the ability to select the best technical solutions at the lowest cost
regardless of vendor systems. The commercial CAIS items have enhance and replace instrumentation
systems in current platforms and continue to grow into test articles.
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ABSTRACT

Current legacy acquisition systems such as the Advanced Airborne Test Instrumentation System
(AATIS) are custom-built to each individual application with unique sensors and data modules.
Replacing, adding, or subtracting sensors requires the system to be removed from service for days,
weeks, or even months. This is a result of having to route special wires to each sensor and
reprogramming the system with sensor information, calibration data, etc. AR sensor information must be
contained in the main system since these systems do not have intelligence at the sensor level. If sensors
were to contain information in their own IEEE 1451-compliant transducer electronic data sheet (TEDS),
the main system would no longer have to be reprogrammed with this information. This information
could then be obtained directly from the sensors when they are inserted into the system. A plug-n-play
capability is being added to the system with the development of a standard interface to the system
control unit (SCU). This interface, called a Multi-Network Capable Applications Processor (Multi-
NCAP), will interface IEEE 1451-compliant smart transducer interface modules (STIMs) to the SCU in
the AATIS as well as other legacy systems. With this development, maintenance and new configuration
times for the AATIS and other legacy systems will be significantly reduced.

KEYWORDS

Smart Transducers, IEEE 1451, AATIS, Data Acquisition, TEDS, STIM, NCAP

INTRODUCTION

Current legacy data acquisitions systems such as the Advanced Airborne Test Instrumentation System
(AATIS) or the Common Airborne Instrumentation System (CAIS) do not have intelligence at the
sensor level. These legacy systems are designed for specific applications and do not conform to
industry-wide standards. Reconfiguring or adding new sensors to one of these individually configured
systems can result in costly design changes and the removal of the vehicle under test from service for
days or even weeks while the upgrades are being implemented. Tracking sensor inventory and
calibration of onboard systems can be both costly and time consuming. Many of the existing sensor
systems do not have the capability of being interrogated to determine their working status, their
calibration information, their serial number, or manufacturing and service history since the sensors
themselves have no intelligence. When defective sensors are detected, replacement generally requires
removing the system from service instead of simply unplugging the defective sensor and replugging the
replacement sensor or ‘hot swapping.’ A major software effort is then required in the ground support
equipment (GSE) to input each sensor’s unique characteristic on a case-by-case basis as well as perform
the calibration in the GSE.



If the information needed to describe a particular sensor were located with each individual sensor, then
the main system would no longer have to be programmed with this information. IEEE 1451-compliant
transducer electronic data sheet (TEDS) information could be located with each sensor and would be
available to the GSE when the particular sensor was inserted into the system. This capability is being
added to existing legacy systems by adding a device called a Multi-Network Capable Applications
Processor (Multi-NCAP). This device will interface Legacy sensors with their IEEE-1451 compliant
universal transducer interface modules (USTIMs) to the AATIS PL bus as well as fully IEEE-1452
compliant sensors. Using a universally accepted transducer interface standard such as the IEEE 1451 for
this development not only allows for the development of smart sensors and actuators, but leads to lower
development costs.

EEEE 1451 COMPLIANT SOLUTION

The IEEE 1451 family of standards is currently the only emerging standard to specifically address smart
transducers (i.e., sensors and actuators). As shown in Figure 1, there are four parts (referred to as the
Dot 1, Dot 2, Dot 3, and Dot 4) to the standard which are intended to act either independently or in
tandem. The Dot 1 establishes a high-level object model for smart transducers and concentrates on the
network interface as instantiated by a network capable application processor (NCAP). The Dot 2
establishes an initial level of intelligence at the sensor level by defining a smart transducer interface
module (STIM) and a set of TEDS. However, the Dot 2 maintains a point to point architecture that does
not realize one of the major expected benefits of introducing intelligence at the transducer level.
Namely, the ability to reduce cabling by daisy chaining the transducers on some type of bus. This is
exactly what the Dot 3 addresses by introducing a transducer bus interface module (TBIM). Finally, the
Dot 4 addresses the issue of maintaining a direct analog ability while realizing the benefits of a digital
interface. That is, in some sense, ‘smart’ means ‘digital’ if for no other reason than to be able to retrieve
identification information from some sort of TEDS. But this does not eliminate applications that require
access to the raw analog signal. The Dot 4 is therefore establishing a mixed-mode interface (NM) that
allows switching between analog and digital modes.

Figure 1.  IEEE 1451 Block Diagram

Within the context of the current effort there are two adverse factors with adopting the EEEE 1451
approach. First, although the Dot 1 and Dot 2 have been approved, the Dot 3 and Dot 4 are not expected
to be approved until 2002. Thus, many of the implementation details are not currently available. Second,



the approach does not readily adapt into legacy systems accept at the network level. That is, it is not
totally clear where a pulse code modulation (PCM) formatter like the AATIS system control unit (SCU)
fits into this architecture.

On the other hand, the IEEE 1451 family of standards addresses all the major issues of implementing
smart transducers. Thus, the current effort is taking what it can from these standards in the form of
TEDS, multidrop sensor bus, and mixed-mode interfaces required to use existing legacy sensors. This
effort then implements what other aspects need to be implemented, while attempting to maintain a
design that will allow for adaptation to the standard when it is complete. For further information on the
IEEE 1451 standards see References 1 through 4.

RESOLVING THE DILEMMA OF LEGACY SYSTEM UPGRADES

Bringing a legacy system up to the new IEEE 1451 standards without wholesale and costly replacement
of the system creates a significant challenge. Old sensors must be used since many are imbedded in the
aircraft. The existing computer system and interface controllers must be maintained in place to eliminate
a major software redesign as well as costly hardware replacements. But, from a maintenance standpoint,
it is desirable to replace and/or add sensors with all the advantages of the IEEE standards including ‘hot
swapping,’ automatic sensor identification, automatic calibration, etc. This can be accomplished by
adding a small interface module between the sensor and the legacy system that contains the ‘smarts’ for
a particular sensor. An example of such a system is shown in Figure 2. These modules contain the
intelligence and TEDS for each sensor. The modules are then connected together on their own 4 wire
bus, thus eliminating the need for the large cabling systems that are currently being used.

Figure 2.  Multi-USTIM System Diagram

Changing to the information contained in the USTIM modules can be accomplished either through the
main system, if allowed, or though a locally plugged laptop computer. Information for a particular
legacy sensor TEDS can be loaded into its respective USTIM in one of three methods. 1) It can be



downloaded from the main system; 2) it can be loaded at the factory; or 3) it can be loaded locally from
a floppy disk with a locally plugged laptop computer. In either case, a general purpose USTIM can be
used with a variety of legacy sensors with no changes to its hard circuitry. Once the USTIM is
configured, the main system will be able to detect its addition to the system and automatically download
all the information necessary to describe the sensor. Thus, no special software or hardware will be
required for the legacy systems. A block diagram of the current AATIS system is shown in Figure 3.
The UTSIMs can be inserted between the ADAU and the transducer shown in the diagram or the
USTIM can connect the respective transducers directly to the serial digital party line shown as a heavy
black line in Figure 3. If the USTIM is connected through the ADAU, a Multipurpose Network Capable
Applications Processor (Multi-NCAP) must be used to interface the USTIM to the ADAU. However, if
the USTIM is to be connected directly to the party line bus as shown in Figure 2, no additional interface
is required since the RS422 circuits are built in along with the phase encoding logic. An in-circuit
reprogrammable logic device is contained within the USTIM that can be reconfigured with a locally
plugged laptop computer to accept a variety of protocols.

A pictorial drawing of the AATIS installed in an aircraft along with its ground support equipment is
shown in Figure 4. An interface module with the respective sensor TEDS information would be located
at each sensor site.



Figure 4.  AATIS With Ground Support Equipment

UNIVERSAL SMART TRANSDUCER INTERFACE MODULE CHARACTERISTICS

A general purpose USTIM is being developed which will satisfy the interfacing requirements of most
legacy sensors. It is being designed to be fully in-system programmable and in-system hardware
reconfigurable. It contains a large nonvolatile memory for the TEDS information, which can be
expanded to 8 megabytes within integrated circuit. Additional features include a core processor (8051-
compatible) with a fully integrated 12-bit data acquisition system, a programmable logic element, analog
inputs which have programmable gain and offsets, high speed RS422 bus interface, and 3.3 volt
operation. A preliminary design is shown in Figure 5. The unit is designed to be folded in half resulting
in a USTIM with a size of 2 inches by 1.1 inches by 0.5 inches thick. Smaller configurations are
achievable by reducing the size of the memory, the number of sensor channels, and converting the
programmable logic device (PLD) to a fuze programmed component.

Figure. 5  USTIM Breadboard, Top and Bottom Views

The programmable 8051-compatible core processor is supported by an on-chip memory consisting of
8K bytes FLASH/EE program memory, 640 bytes FLASH/EE data memory and 256 bytes of data static



random access memory (SRAM.) In the USTIM application, the TEDs can be mapped into the on-chip
640 bytes FLASH/EE data memory or the bulk external FLASH memory and the legacy transducer
interface can mapped onto the analog to digital converter (ADCs), digital to analog converter (DACs)
and input/output (I/O) lines. The unit can be configured to operate from a +3.3 volts direct current (VDQ
or +5.0 VDC supply voltage.

Figure 6.  USTIM Integration with DRUCK’s Amplified Output Pressure Transducer
Series PDCR 130 for Standard Packaging Configurations

The design contains 8 analog and 8 digital channels. Four of the analog channels are fully differential for
interfacing directly to bridge transducers while the remaining four are single ended. An eighth order
elliptic low pass switched capacitor filter is present in each of the differential analog channels serving as
a programmable anti-aliasing filter prior to quantization by the ADC. The programmable filter response
is achieved through a PLD that contains a programmable clock generator. The frequency bandwidth of
the filter is determined by the switch capacitor clock frequency.

Different housings for the USTIM can readily be adapted to different cable assemblies and connector
types. For example, for some transducer types the USTIM may be integrated as part of the cable
assembly or provided as an extension to the transducer module. The amplified output pressure
transducer from DRUCK, model number PDCR 130, is shown in Figure 6. A USTIM housing can be
designed to attach directly to the transducer module creating a new smart transducer module which is
hot swappable and complies with the IEEE 1451.2-1997 interface specification as well as the Dot 3
portion of this specification. The USTIM would also allow the transducer module to be placed on the
local party line (LPL) bus, as shown in Figure 2, or connected directly to the AATIS party line (PL) bus
with a Multi-NCAP.

SENSOR IDENTIFICATION TEDS MODULE

In the proposed system, the sensor/memory units would be connected to a Universal STIM (USTIM),
which is essentially the same as the transducer bus interface module (TBIM) that is described in the
IEEE 1451.3 D106/draft standard, which would then communicate with an NCAP. Because of the
flexibility of the USTIM, being able to accommodate a changing number and variety of sensor/memory
units, a complete TEDS, as described in the IEEE standard 1451.2-1997, can not be predetermined and
stored in the memory module. In addition, data that are not incorporated into the TEDS descriptions in
the 1451.2-1997 standard is required by the USTIM in order to properly configure the interface
hardware to the sensor/memory unit.

In order to accommodate the unique requirements of the USTIM, a method of creating the overall TEDS
and configuring its storage in the system had to be devised. In this method, all of the unique, sensor



specific information and portions of the channel TEDS (including appropriate sub-TEDS for the channel
TEDS - such as the calibration TEDS) will be stored in the memory module and the rest of the TEDS
will be stored in the USTIM. Further, portions of the TEDS will vary depending on the number and
types of sensors that are connected to the USTIM. These portions of the TEDS will be dynamically
created by the USTIM on power-up and in response to changes in the USTIM’s sensor configuration.

The memory module that is connected to each legacy sensor will contain the sensor identification TEDS
- or SITEDS. The SITEDS will contain those portions of the channel TEDS that can be predetermined,
regardless of the hardware and operation of the USTIM, as well as the sensor-specific data that are
required by the USTIM or desired for possible use at the system level. The USTIM will use the SITEDS
to create a complete channel TEDS.

An example of the channel TEDS data that will be determined dynamically, rather than being stored in
the USTIM of the SITEDS, is the upper range limit. While all of the data will be unitless digital data,
coming from an analog-to-digital converter (ADC), not every channel will necessarily use the full digital
range of the ADC output. Depending on the sensor output and USTIM electronics, it may not be
practical to scale the sensor signal to utilize the entire ADC output range. Thus, the USTIM will
determine the upper range limit of the channel TEDS based on the capability of its analog hardware and
on the data that it receives, from the SITEDS, concerning the output of the sensor that is connected to a
given input channel.

Because the USTIM will generate a standard format channel TEDS, as well as having a standard meta-
TEDS stored within it, the unique data set that is contained in the SITEDS, and the flexibility that it
affords in sensor configuration, will be transparent to the overall system. The collection of USTIM and
sensor/memory units will appear to the overall system to be a standard NCAP and STIM.

A preliminary listing of the unique data fields in the SITEDS includes:

1. Excitation Requirement
2. Output Type
3. Output Range
4. Sensitivity Value
5. Sensitivity Units
6. Manufacturer Cage Code
7. Serial Number
8. Model Number

Several serial EEPROMS have been identified and investigated for integration with legacy sensors. The
EEPROM will allow standard TEDS information to reside at the sensor instead of the USTIM, allowing
the legacy sensors to become more plug-n-play. Since small physical size is desirable for in-line
integration this was considered in the investigation. Figure 7 shows schematically the integration of a
serial EEPROM using a standard I2C interface with a generic legacy sensor.

It was found that several industry standard EEPROMs exists that are in most cases sufficient for the
intended application. These include the 24CXX and 25C0XX family of EEPROMs available through
several different manufactures. The 24CXX EEPROMs support an Inter IC (I2C) interface, 128 x 8 to
128k x 8 bit memory elements, and are available as surface mount 8-pin small outline integrated circuit
(SOIC), thin shrink small outline package (TSSOP) and 5-pin small outline transistor (SOT)-23
packages. The 25C0XX EEPROMs support a serial peripheral interface (SPI), 4k x 8 to 64k x 8 bit
memory elements, and are available as surface mount 8-pin SOIC and TSSOP packages.



Figure 7.  Schematic Diagram Showing Integration of Serial Electronically Erasable
Programmable Read-only Memory (EEPROM) With Legacy Sensor Technology

The Inter IC (I2C) interface is intended to maximize hardware efficiency and circuit simplicity. A simple
bi-directional 2-wire bus including a clock and serial data line defines the hardware interface. Each
device connected to the bus is software addressable by a unique address. The number of devices that can
be connected to the same bus is limited only by a maximum bus capacitance specified at 400 picofarad
(pF) for typical bus transceivers.

The memory device is accessed via a simple 3-wire serial peripheral interface (SPI), which includes a
clock (SCK), serial data in (SI), and serial data out (SO). Additional discrete control lines are available
for chip select, hold and write protection. To reduce wire count, the chip select, hold and write protect
pin, can be forced into a read only condition. In this scenario, individual clocks generated and
multiplexed in the USTIM module, where data are received via a common data in line can uniquely
address multiple EEPROM modules.

Of the two interface protocols, the I2C interface appears to be the most practical for the intended
application. The I2C interface would minimize the number of wires required to establish a bi-directional
interface. This means that an in-system-programmable module can be designed with minimum impact
on complexity. The SPI devices would require additional wires to accommodate the discrete control
lines required for in-system-programmability. Hence, the 24CXX family of serial EEPROM devices are
favored.

Additionally, the 24CXX family offers a wider range of available memory and package sizes. For
example a 24C00 provides 128 x 8 bits of memory in a small 5-pin SOT-23 package. For many sensor
types this amount of memory may be sufficient for storing TEDS information assuming calibration data
are store as coefficients as oppose to a large look-up table array.

Integration of the EEPROM into an in-line module is straight forward as indicated in Figure 7. A voltage
regulator was added to accompany the memory device to provide a stable supply. The memory circuit
could also tap the sensor excitation voltage. Since the memory is only accessed at power-up, the serial
clock and data in-lines will be held in a DC state during normal operation. Hence, cross coupling of the
digital to analog signals should not be an issue. Figure 8 shows the prototype TEDS, EEPROM module
for legacy sensors. This unit was tested on the I2C bus with another identical unit to demonstrate the
concept.

The LT1129, shown in Figure 8 (top), is a micropower low dropout regulator with shutdown. This
device is capable of supplying 700mA of output current with a dropout voltage of 0.4V at maximum
output. Designed for use in battery-powered systems, the low quiescent current, 50mA operating and
16mA in shutdown, make them an ideal choice. The quiescent current does not rise in dropout as it does
with many other low dropout PNP regulators. Other features of the LT1129 include the ability to operate



with small output capacitors. They are stable with only 3.3:F on the output while most older devices
require between l0:F and 100:F for stability. Also, the input maybe connected to ground or a reverse
voltage without reverse current flow from output to input. This makes the LT1129 ideal for back up
power situations where the output is held high and the input is at ground or reversed. Under these
conditions, only 16mA will flow from the output pin to ground. The devices are available in 5-lead TO-
220, 5-lead DD, 3-lead SOT-223 and 20-lead TSSOP packages.

Figure 8.  Prototype TEDS EEPROM Adapter Top and Bottom Views

The Microchip Technology Inc. 24C01C, shown in Figure 8 (bottom), is a 1K bit serial electrically
erasable PROM with a voltage range of 4.5V to 5.5V. The device is organized as a single block of 128 x
8-bit memory with a 2-wire serial interface. Low current design permits operation with typical standby
and active currents of only 10 :A and 1 mA respectively. The device has a page-write capability for up
to 16 bytes of data and has fast write cycle times of only 1 mS for both byte and page writes. Functional
address lines allow the connection of up to eight 24C01C devices on the same bus for up to 8K bits of
contiguous EEPROM memory. The device is available in the standard 8-pin PDIP, 8-pin SOIC (150
mil), and TSSOP packages. The block diagram for this device is shown in Figure 9.

Figure 9.  Block Diagram of 24C01C

IMPLEMENTING A HYBRID AATIS IEEE 1451-COMPLIANT SYSTEM

The goal is to minimize system impact in downtime during both software and hardware modifications
during the transition to EEEE-1451 compliance. Minimizing cost during the upgrade to the IEEE 1451
standard is also important The existing AATIS system hardware will remain unchanged both during and
after the modules are added to convert the sensors to 1451 compatibility. This will be accomplished by



containing the sensor software and TEDS information in the USTIMs and using the Multi-NCAPs to
interface and format the data streams to be compliant with existing AATIS systems. Standard
CAIS/AATIS commands will be used to transfer data to and from the Multi-NCAP. Since the Multi-
NCAP contains in-circuit reconfigurable hardware, its characteristics can be modified with software to
conform to future system upgrades, bus speed improvements, etc. Figure 10 shows the system block
diagram and its connection to the Party Line bus. Power is obtained from the Mini-ADAU, but the
Multi-NCAP only transfers its data to and from the SCU via the Party Line bus. Figure 10 also shows
that the Multi-NCAP effectively isolates IEEE 1451 compatible devices from the AATIS hardware. AU
IEEE compliant sensors present a uniform software and hardware interface to the system via the Multi-
NCAP. AU the calibration, identification, etc., is located in the STIMs, USTIMs, and transducer bus
interface modules (TBIMs).

Figure 10.  System Block Diagram

EVOLUTION OF LEGACY SYSTEMS

Since fully compliant IEEE 1451 sensors can coexist with USTIM converted sensors as shown in
Figures 2 and 10, legacy systems can gradually be brought to full compliance. New compliant sensors
can be added as they become available and simply plugged into the Multi-NCAP. Since the Multi-
NCAP can be reconfigured for various bus protocols, new and faster bus systems can be incorporated
without affecting the hardware.

CONCLUSION

The development of the Multi-NCAP, USTIM, and SITEDS has paved the way to reduced installation,
maintenance, and configuration management for legacy systems such as the AATIS. With the
incorporation of these innovations, cabling systems will also be greatly reduced. A low-cost, low-impact
transition to full IEEE 1451-compliant sensors is provided by these components.
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A SPACE LINK EXTENSION IMPLEMENTATION FOR
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ABSTRACT

CCSDS recommendations initially addressed the communication link between spacecraft and ground
station. Space Link Extension (SLE) is a set of CCSDS recommended standards for extending the
link to control centers, allowing distributed access to space link telecommand and telemetry services.
The recommendations encompass the specification of both services and access methods. This paper
discusses an implementation of SLE that will be used to provide Forward CLTU service to the
upcoming INTEGRAL (International Gamma Ray Astrophysics Laboratory) mission.
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INTRODUCTION

A typical space data system has four main subsystems:

• The spacecraft (e.g., a satellite containing a science payload).
• The ground station, containing the RF transmitting and receiving equipment and antennas.
• The control center, where the spacecraft control loop is closed, and manual or automatic

command and control of the spacecraft take place.
• The data center, where scientific telemetry data are collected and disseminated.

Historically, the data and management interfaces between the major ground-based systems have
been proprietary. As a result, one agency’s control center, for example, could not easily use
another’s ground station. To remedy this shortcoming, the Cross-Support Panel of the Consultative
Committee for Space Data Systems (CCSDS) defined a series of recommendations for ground link
standards, which it calls Space Link Extension (SLE). SLE complements existing CCSDS
recommended standards that apply to the space link itself. Although SLE addresses both
management and data transfer interfaces, complete CCSDS specifications currently exist only for the
latter. An example of management is scheduling a service or setting an uplink bit rate. An example
of data transfer is sending a CLTU for transmission. In the International Gamma Ray Astrophysics
Laboratory (INTEGRAL) project, SLE will allow a European Space Agency (ESA) control center
located in Darmstadt, Germany to use a NASA ground station located in Goldstone, California. The
NASA ground station complements the satellite coverage provided by two ESA ground stations,
located in Redu, Belgium and Villafranca, Spain.



An SLE arrangement is asymmetric; on one side is a service provider, and on the other is a service
user. The precise behavior of users and providers is project-specific. However, a good deal of the
behavior is defined by SLE, and will therefore be common to all users and providers, especially
those of the same type. To avoid having to re-implement this common behavior for each project,
Anite Systems GmbH, under contract with the European Space Agency (ESA), has defined an SLE
Application Programming Interface (API). A library that implements this API can be used to factor
out the common behavior. Avtec Systems, Inc. has implemented one version of such a library. The
Jet Propulsion Laboratory (JPL) and Anite have developed separate versions.

Both SLE and the API are designed to be independent of specific network technologies. For
example, they do not specify the use of DCE, CORBA, or even TCP/IP for a transport mechanism.
The API accommodates different technologies by defining interfaces to an abstract network object
called a proxy. A proxy for a particular network technology defines how SLE features and
requirements are mapped to the technology. ESA has defined a proxy for the TCP/IP-based network
that will be used for INTEGRAL.

The API and the TCP proxy will eventually be defined in CCSDS recommendations. Currently, they
are defined in specifications developed for ESA by Anite.

SLE

At its highest level, SLE divides the problem of remote service access into two sub-problems called
provision and production. In INTEGRAL, provision is concerned with establishing communication
between the control center in Germany and the ground station in California, and addresses such
issues as connection establishment, authentication, and service scheduling. Production, on the other
hand, is concerned with the operation of the ground station, including the control of the transmitting
equipment and antenna, and establishing communication with the spacecraft. The purpose of
provision is to make services available. The purpose of production is to implement those services.
SLE accommodates both online and offline operation. In online operation, production and provision
occur simultaneously. In offline operation, production and provision occur at different times.
INTEGRAL uses only online service.

An SLE arrangement involves a user on one side of a terrestrial data link interacting with a provider
on the other side. Users and providers must be of the same service type. SLE defines a variety of
telecommand (forward) and telemetry (return) services, including:

• Forward CLTU (CLTU)
• Forward Space Packet (FSP)
• Return All Frames (RAF)
• Return Channel Frames (RCF)

For some service types (RAF, e.g.), a service provider can potentially provide multiple instances of
service. Each such service instance is individually scheduled and access-controlled.

INTEGRAL uses the CLTU, RAF, and RCF services. JPL has implemented CLTU, RAF, and RCF
service providers for the Solaris platform. ESA has implemented CLTU, RAF, and RCF service



users on Solaris and OpenVMS. Avtec Systems, Inc. has implemented a CLTU service provider for
the Windows NT platform. The implementation of the Windows NT CLTU service provider will be
described.

The basic goal of the CLTU service is to allow a user to send Command Link Transmission Units
(CLTUs) to the provider to be radiated. The service allows certain timing and queuing parameters to
be specified, and can generate periodic status reports containing information such as number of
CLTUs radiated, buffer space available, and the time at which the last CLTU was radiated.

SLE defines services in terms of operations that the user and provider can invoke on one another.
Some operations have service-specific variants. SLE operations used for CLTU service are shown in
Table 1.

Table 1: CLTU Service Operations

Operation Description
BIND Establishes an association between user and provider service instances. A

unique service instance identifier identifies each service instance.
UNBIND Terminates an association between a user and provider
PEER-ABORT Terminates an association abruptly. The provider will send a PEER-ABORT

to the user, for example, if the end of a scheduled provision period occurs
during operation.

START Begins CLTU transfers
STOP Ends CLTU transfers
TRANSFER-DATA Sends a CLTU to the provider with parameters specifying earliest and latest

radiation times and post-radiation delay time.
ASYNC-NOTIFY Used by the provider to inform the user of an asynchronous event such as

radiation of a CLTU.
SCHEDULE-STATUS-REPORT Causes the provider to send a status report to the user. An option allows

periodic status reports.
STATUS-REPORT Contains a status report requested via SCHEDULE-STATUS-REPORT.
GET-PARAMETER Requests current values for managed parameters.
THROW-EVENT Used by the user to instruct the provider to perform asynchronous operations

such as setting a frequency or modulation index. Specific THROW-EVENT
operations are not defined by SLE transfer services, but instead must be
specified at the project level.

All operations carry optional authentication data referred to as credentials. An installation can
disable authentication, require it only for BIND operations, or require it for all operations. Some
operations are confirmed, which means that the recipient user or provider must send a return version
of the operation that carries diagnostic information. SLE uses ASN.1 to define the representation of
operation invocations and returns “over the wire.”

SLE API

The idea of creating an API to support SLE originated at JPL, partly to support the use of a gateway.
A gateway was to interconnect the two different transports that appeared would be necessary to
support INTEGRAL. Eventually, ESA and JPL agreed on a common TCP transport, so the gateway
would not be needed. However, the gateway and API concepts persisted. JPL later turned API
development over to ESA, which contracted Anite Systems GmbH to write the specification, as well
as an implementation.



The SLE API factors out reusable, application-independent SLE functionality and defines interfaces
for an application to access it. The API provides support for both users and providers. Among its
functions, the API validates operation parameters, encodes operations according to ASN.1
definitions, implements common state machines, controls transmission of PDUs over a transport
(TCP, e.g.), handles service scheduling, performs authentication, and provides a periodic reporting
mechanism. To aid debugging, the API can perform diagnostic traces and event logging.

 The API specification consists in part of annotated Unified Modeling Language (UML) diagrams
that describe an object-oriented component architecture. The architecture contains four main
component objects and numerous interfaces used to interconnect the objects with an SLE
application. The API incorporates several concepts from Microsoft’s Component Object Model
(COM). For example, all interfaces are defined by abstract base classes that derive from a class
called IUnknown. Most component objects inherit several such interface classes. The Avtec
implementation uses native COM. Other implementations, such as JPL’s, may use a simplified
facility that is COM-like.

Figure 1 shows the four main objects around which the API is modeled:

• Service Element, primarily a container for Service Instance objects
• Service Instance, maintains the state of a single instance of a scheduled service.
• Proxy, abstracts network communication, and a container for Associations
• Association, representing a network connection.
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Additionally, there are objects for each of the operations mentioned previously, as well as a few
utility objects for things such as time and service instance identifier. From an application’s
perspective, the API is the set of interface classes exposed by all of these objects.

By replacing the proxy component, an implementation can accommodate different transports. The
main Proxy specification is actually transport-independent; an addendum currently exists for a TCP-
based transport, which is what is used for INTEGRAL.

So that its interfaces can remain implementation-neutral, the API reads implementation-specific
configuration items from what it calls a configuration database, rather than accepting them directly
through standard interfaces. In Avtec’s implementation, the configuration database is nothing more
than a binary configuration file containing serialized configuration objects. A separate GUI
application called an SLE Configuration Editor, shown in Figure 2, allows a user to edit or view the
items in the configuration file. Items in the configuration file include user names and passwords,
authentication modes, TCP addresses and port numbers, timeouts, and maximum queue sizes.

Figure 2: SLE Configuration Editor

The Avtec version of the API resides in four dynamic link libraries (DLLs) called sle_Proxy,
sle_ServiceElement, sle_Operation, and sle_Utility. Each of these is registered as a Windows COM
server, which enables an application to create objects and access their interfaces without having to
know these file names or statically link with these libraries. This permits the API to be field-
upgradeable without rebuilding the applications that use it.

SLE APPLICATION

An application’s job is to configure the API using administrative interfaces and, depending on its
role as user or provider, initiate and respond to operation invocations and returns. It must fulfill all
SLE functions not handled by the API. In the case of the CLTU service provider, these functions
include buffering incoming CLTUs, posting CLTUs for radiation based on parameters defined by the
service, and notifying the SLE API of the status of CLTU radiation and production.



The SLE CLTU Application is a COM Server that acts as a client to the API. It resides as a DLL
called SleCltuProviderApp. Since the application only performs functions specific to CLTU service,
it must interface with other groundstation software to complete the production of the CLTU service.
The application exposes interfaces that allow the groundstation software to control the SLE CLTU
provider. Additionally, the groundstation software must expose an interface to allow the application
to post CLTUs for radiation. In essence, SleCltuProviderApp acts as an abstraction layer between the
SLE API servers and the groundstation software.

INTEGRAL ARCHITECTURE

CCSDS specifies [1] Space Link Extension Functional Groups (SLE-FGs) as shown in Figure 3. In
accordance with the figure, the Forward TC Space Link Processing Functional Group (SLP-FG)
provides the CLTU service, produces the Physical Link Operations Procedure (PLOP) for the
transfer of CLTUs to a spacecraft, and uses an Operational Control Field (OCF) service to receive
status information from the telemetry stream. The SLP-FG is produced by the 26-meter
groundstation in Goldstone, California. The INTEGRAL Mission Operations Center (MOC) in
Darmstadt will interface with the SLP-FG over the CLTU Service. Since the OCF services have not
yet been defined by CCSDS, the OCF service is implemented as a custom interface that routes
Command Link Control Words (CLCWs) from the telemetry stream.
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Figure 3. SLE Forward Functional Groups and Services

Figure 4 illustrates the components of the 26-meter groundstation involved in the production of the
Forward TC Space Link Processing Functional Group. The Telemetry and Command Processor
(TCP) is an Avtec Systems Programmable Telemetry and command Processor (PTP). The MOC
sends CLTUs to the TCP over the SLE CLTU Service. The TCP supplies the 26-meter RF
electronics with a CLTU-modulated subcarrier according to the PLOP-2 protocol. The Monitor and
Control Processor (MCP) is responsible for providing the TCP with the configuration parameters
and the status of the CLTU production.
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The TCP (Figure 5) is equipped with a Honeywell Command Modulation Generator (CMG) board,
the Windows NT operating system, PTP software (PTP-NT), the SLE CLTU Provider Application
and the SLE API. The PTP-NT software has a modularized architecture. Each PTP Module is a
dynamically linked library (DLL) with a standard interface for passing data between modules. A
server application loads, configures, connects, and controls these modules while providing remote
control of the system via the PTP Remote Interface Library (PTP RIL) over a TCP/IP connection.

The main PTP-NT modules involved in SLE provision and production are:

1. SLE CLTU Provider Module – This module interfaces with the SLE CLTU Provider
Application. It receives CLTUs and routes them to the appropriate module (i.e., SLE CMOD
module). It receives start/stop/abort time tags and CLCWs, and passes the information back to
the SLE CLTU Provider Application.

2. SLE Command Modulator (CMOD) Module – This module controls the CMG board via its
driver API (CMG API). It configures the board according to PLOP and inserts received CLTUs
into the bit stream. It posts start/stop/abort time tag messages to the appropriate module (i.e.,
SLE CLTU Provider module).

3. Serial Input Module and CLCW Module – These modules are not directly involved in CLTU
production, but are required to strip the CLCWs from the telemetry stream and post them to the
SLE CLTU Provider module. The CLCWs contain uplink feedback status information that is
optionally required for CLTU production.

CONCLUSION

Although INTEGRAL has not yet launched, testing has shown that the interoperability that was the
goal of SLE has been achieved. Avtec’s SLE implementation successfully communicates with the
independent implementations of both JPL and ESA. The SLE CLTU Provider Service integrates
seamlessly with the legacy PTP-NT software. Avtec plans to implement the return services in the
immediate future.
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ABSTRACT

In CCSDS File Delivery Protocol (CFDP), four acknowledged modes essentially have an identical
protocol for initializing and closing a file delivery. In this protocol, the system occasionally run into
a state in which Sender has closed the transaction and Receiver has not closed the transaction. In this
paper, we point out the danger of such state being prolonged. Such a state can be prolonged due to
link occultation, extremely long propagation delay, or implementation caused by common
misinterpretation of the protocol specification. We provide two failure scenarios, which occur in
such a state. Then, we discuss ways of preventing such failures.

KEY WORDS
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INTRODUCTION

In recent years, the Consultative Committee for Space Data Systems (CCSDS) has concentrated on
the task of providing flexible and efficient transfer of various data in wide variety of mission
configurations, from relatively simple low earth orbit spacecraft to complex arrangements of orbiters
and landers supported by multiple transmission links [1]-[3]. In any mission scenarios, the major two
constraints of space missions are system resource restriction and environmental restriction. The
system resource which may be restricted in one or both of the entities involved in an end-to-end data
transfer may include computational power and memory capacities, driven by the need for expensive
parts qualification and also the need to limit power, weight and volume in the remote end system.
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The environmental restriction may include noisy, bandwidth limited, asymmetric, and interrupted
communication links with very long propagation delays. In response to these factors, the CCSDS
File Delivery Protocol (CFDP) has been developed such that it has quite different features from
terrestrial ARQ (Automatic Repeat reQuest) in delivering a file reliably.

The CFDP offers selectable reliability option depending on mission requirements and transmission
capability. The reliability of a transaction is determined by whether the transaction is chosen to
operate in unacknowledged or one of the four acknowledged modes (immediate NAK, deferred
NAK, asynchronous NAK, and prompt NAK modes.) In unacknowledged mode, failures of PDU
(protocol data unit) delivery are not reported to Sender and therefore cannot be repaired, although
errors will be detected by the receiving entity and the erroneous PDUs are discarded. Accordingly,
reception of the complete file is not guaranteed. The unacknowledged mode is appropriate where
two-way communication is not possible, where incomplete transmission is acceptable, or where the
underlying communication mechanism already ensures reliable data transfer. In an acknowledged
mode, Receiver informs Sender of any undelivered file segment or ancillary data. The major contrast
of CFDP to terrestrial ARQ (Automatic Repeat reQuest) is that Receiver does not send ACK
(Acknowledge) of a file segment. Receiver only sends NAK message when an error in delivering a
file segment is detected. NAK message contains the list of file segments that are perceived by
Receiver to be missing and are requested for retransmission. Upon reception of a NAK, Sender
retransmits all the file segments in the NAK’s list. The four acknowledged modes share a common
acknowledgement mechanism but differ in when the NAKs are issued so that a mode is chosen for
different mission scenarios. All four acknowledged modes have essentially an identical protocol for
initializing and closing a file delivery; namely, EOF, ACK(EOF), FIN, ACK(FIN), etc. In this paper,
we call to attention that wrong choices of parameters and/or a subtle misinterpretation the
specification [4] in implementing the protocol can lead to failure in achieving reliable
communication.  We provide scenarios in which the reliable delivery fails. In the next section, we
describe the protocol for closing a transaction (CDFP terminology for file delivery). Then, we
provide a failure scenario.

ON PROTOCOL FOR TRANSACTION INITIATION AND CLOSURE

In this section we briefly describe the part of the CFDP functioning for initiating and closing the
transaction. Figure 1 illustrates a sequence of events taking place according to the protocol.
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Sender initiates a transaction by sending a special message called “metadata”, which we denote by
M. The metadata includes important information regarding the transaction such as the file size,
Source entity ID, Destination entity ID, Options, etc. Among these we need to note the “file size”.
Following the transmission of the metadata, the transmitter starts transmitting the file data segments
(FDs). (To be more in detail, metadata, the file data segments, and other messages like EOF and
ACKs to be discussed are all encapsulated into protocol data units (PDUs), and PDUs are
transmitted.) When the metadata PDU is received, Receiver knows that a new transaction has begun.
If the metadata is lost (error), Receiver knows that the metadata is missing when other protocol data
unit from the same transaction is received. (In this case, Receiver will receive a file data PDU of a
transaction before its metadata. Each protocol data unit includes the transaction id in its header, so
Receiver can detect the missing M.) In this case CFDP ’s NAK mechanism will cause retransmission



of the metadata. After transmitting the last data FD, Sender is supposed to transmit a special message
referred to as EOF (End Of File). Upon receiving the EOF message, Receiver is supposed to send its
acknowledgement, ACK(EOF) back to Sender. In order to cope with the event of EOF loss (error),
Sender sets EOF-timer whenever transmitting EOF. If the timer expires without receiving the
ACK(EOF), Sender transmits EOF again. After Receiver receives EOF, Receiver transmits a special
message FIN to Sender when all data segments are received without a missing segment. The
issuance of FIN may not take place immediately after the reception of EOF as there may be missing
FDs. Upon receiving the FIN, Sender sends its acknowledgement ACK(FIN) and close the
transaction (termination). In order to cope with the event of FIN loss (error), Receiver sets
retransmission timer whenever issuing FIN. If the timer expires without receiving ACK(FIN),
Sender transmits FIN again. Upon receiving ACK(FIN), Receiver closes the transaction. The
protocol for initiating and closing a transaction is described by Sender’s and Receiver’s finite state
machines in Figure 2 and Figure 3. At this point, we pay attention to what Sender or Receiver has
done after it closed the transaction. The implementers of the protocol can easily be lead to think that
Sender or Receiver can ignore any events regarding the already closed transaction. However, with
such implementation, we can find failure scenarios. The next section provides two such failure
scenarios.

States Event Action Next State

Transaction start up Receiving
put-request

Starts to send PDU Sending file

Receiving NAK Retransmits requested PDUs Sending file
Sending file

Last FD is sent Sends EOF and sets EOF-timer Wasting for
ACK(EOF)

Receiving NAK Retransmits requested PDUs Waiting for
ACK(EOF)

Receiving
ACK(EOF)

N/A Waiting for FINWaiting for
ACK(EOF)

EOF-timer expires Sends EOF again and set EOF-
timer

Waiting for
ACK(EOF)

Receiving FIN Sends ACK(FIN) and closes
transaction

Transaction
completionWaiting for FIN

Receiving NAK Retransmits requested PDUs Waiting for FIN

Transaction
completion

Figure 2 CFDP FSM Table: Sender



States Event Action Next State

Transaction
start up

Receiving any PDU Processes and stores PDU Receiving file

Triggered to send
NAK

Sends NAK and sets NAK-
timer

Receiving file

Receiving EOF

If missing PDU still exists
   Sends ACK(EOF)
If all PDUs are received
   Sends ACK(EOF) and   FIN
   Set FIN-timer

If missing PDU still exists
Receiving file

If all PDUs are received
   Waiting for ACK(FIN)

Receiving file

All PDUs and EOF
are received

Sends FIN and sets FIN timer Waiting for ACK(FIN)

Receiving
ACK(FIN)

Closes transaction Transaction completion

Receiving EOF Sends ACK(EOF) Waiting for ACK(FIN)Waiting for
ACK(FIN)

FIN-timer expires Sends FIN again and set FIN-
timer

Waiting for ACK(FIN)

Transaction
completion

Figure 3 CFDP FSM Table: Receiver

FAILURE SCENARIOS

After Sender closes the transaction, Receiver can possibly be disabled to correctly close the
transaction if the implementation is such that Sender and Receiver can ignore any events regarding
the already closed transaction. Figure 4 and Figure 5 illustrate such scenarios. Consider that Receiver
transmits FIN and that it is correctly delivered to Sender. Then, Sender transmits ACK(FIN) and
closes the transaction. Suppose that the ACK(FIN) message is lost (error). Then, Receiver is
disabled to correctly close. Receiver ’s FIN timer will keep timing out, and Receiver will keep
retransmitting FIN messages. However, Sender will ignore those messages because Sender has
closed the transaction. In considering multiple transactions, we find two failure scenarios.

CASE 1: PROTOCOL ERRORS WHEN CLOSING TRANSACTION

See Figure 4 and event sequences statement.



Figure 4

1. Receiver sends FIN for a transaction (say for File A) with ID I*. Receiver sets FIN-timer.
2. Sender receives FIN, transmits ACK(FIN), and closes the transaction.
3. ACK(FIN) is lost or corrupted.
4. Receiver keeps transmitting FIN messages at events of timer expiration; Sender ignores them
5. Some time later, Sender initiates another transaction for another file (File Z) with identical

transaction ID I*. (Sender transmits M.)
6. Sender transmits FDs.
7. Receiver’s FIN timer expires. Receiver sends FIN again and sets FIN timer.
8. Receiver receives M with transaction ID I*; Receiver ignores it because Receiver already has

received M for the transaction ID I*.
9. Receiver receives FDs; they are ignored because Receiver already has received all the data

segments with Transaction ID I*.
10. Sender receives FIN before sending EOF. According to Sender’s perception, FIN has arrived

from Receiver even before the EOF is transmitted. Therefore, an anomaly can be detected.
However, the current standard does not prescribe Sender’s action in response to this event.
Due to the absence of specification, we first assume that Sender ignores this FIN message.

11. Sender transmits EOF message.
12. Receiver receives this EOF and transmits ACK(EOF).
13. Receiver transmits FIN
14. Sender receives ACK(EOF).
15. Sender receives FIN, transmits ACK(FIN), and close the transaction.
16. Receiver receives ACK(FIN) and close the transaction.

At the end of this event sequence, the new file that has a transaction ID I*, has not been delivered to
Receiver; yet, according to Sender’s perception, the file has been delivered to Receiver. This is



serious failure. In essence, the problem arises because Receiver is disabled to close the transaction
with ID I*, which has been for delivering File A. Eventually, Sender uses transaction
ID I*, again for some File Z. Receiver does not close the transaction with ID I* even after the
beginning of File Z’s delivery, and ignores all the FDs of File Z.

CASE 2: TRANSACTION LOST CASE WHEN CLOSING TRANSACTION

In this scenario, both Sender and Receiver think that a certain file has been delivered while it has
not. See Figure 5 and event sequences statement.

Figure 5

1. Receiver sends FIN for a transaction (say for File A) with ID I*. Receiver sets FIN timer.
2. Sender receives FIN and closes the transaction.
3. Sender transmits ACK (FIN).
4. ACK (FIN) is lost or corrupted.
5. Receiver’s FIN timer expires. Receiver sends FIN again and sets FIN-timer.
6. FIN is lost.
7. Sender initiates another transaction for another file (File Z) with identical transaction ID I*.

(Sender transmits M.)
8. M is lost.
9. Sender transmits FDs and EOF, and sets EOF-timer.
10. Receiver receives FDs and EOF but discards all of them, regarding them as duplicates.

Receiver sends ACK (EOF) for received EOF (although regarded as duplication).
11. Sender receives ACK (EOF)
12. Receiver’s FIN timer expires. Receiver sends FIN again and sets FIN-timer.
13. Sender receives FIN, transmits ACK (FIN), and closes the second transaction for File Z.
14. Receiver finally receives ACK(FIN) and regards it as ACK (FIN) for first transaction (for

File A). Closes the first transaction.



In this scenario, the second File Z is never delivered, but Sender will have concluded that the file has
been delivered. Since Sender thinks that the file is delivered, Sender may delete the file, and the file
may be lost!

DISCUSSION: CAUTION FOR IMPLEMENTATION

There are basically two elements that constitute the presented potential failure scenarios. First,
Sender does not send ACK(FIN) in response to a transaction’s FIN message after the transaction is
closed. Second, the same transaction Id might be used for delivering two different files. Regarding
the repetition of the same transaction Id, the transaction Id is defined by the triplet of Source ID,
Destination ID, and the transaction sequence number. In the CFDP PDU header the length of the
field describing the transaction sequence number field has a variable length. The maximum number
allowed is eight octets (64 bits). The reason for the variable length is to provide flexibility to be able
to save header fields when necessary. Even with the maximum length, the sequence number field
can only have finite length, so the sequence number must be used repeatedly for different
transactions eventually, although the maximum sequence number is extremely large. From more
practical point of view, if an implementation chooses to use short sequence number fields (e.g. one
octet), then the transaction Id sequence can wrap around soon. The failure scenarios provided above
serve as warnings for implementers. These scenarios also accentuate the importance of the Sender’s
acknowledging the reception FIN even after the transaction is closed. By assuring such
acknowledgement in implementation can significantly reduce the probability that failures such as the
above occur.

Now we address the following question. Suppose that Sender and Receiver send ACKs in response
to both EOF and FIN even after the transaction is closed. Is the operation then failure-proof?
Theoretically, the answer is no. Both failure scenarios presented in previous sections can still occur
theoretically. Suppose the that the Receiver starts receiving FDs of another file, say File Z, with the
same transaction Id as the previous file, say File A, before receiving the ACK(FIN) for File A. This
can theoretically happen in the following environment: i) the FIN-timer is extremely long possibly
due to long propagation delay; ii) ACK(FIN)s and/or FINs get lost consecutively; iii) there are so
many files transferred that the transaction Id is repeated soon. Therefore, the implementation must
take some caution in determining the length of the transaction sequence number field. The length of
the transaction sequence number field should be long enough that it can prevent occurrence of
failure practically by not wrapping around soon.
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ABSTRACTS

We study the reliable (acknowledged) operation (i.e., ARQ scheme) of CFDP (CCSDS File Delivery
Protocol) over single-hop space link. We focus on the immediate NAK mode, as specified in [1],
under the assumption that PDU error events of forward and backward channels are statistically
independent. We point out the problem of duplicated retransmissions due to the long propagation
delay and analyze throughput efficiency. We also present modeling and analysis of the average time
taken for the delivery of a file with an arbitrary size, which are more rigorous than currently
available heuristics.
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INTRODUCTION

In recent years, the Consultative Committee for Space Data System (CCSDS) has concentrated on
the task of providing flexible and efficient transfer of various data in a wide variety of mission
configurations, from relatively simple low earth orbit spacecraft to complex arrangements of orbiters
and landers supported by multiple transmission links. In any mission scenarios, space networking
faces very long propagation delays, intermittent link connectivity, and limited power budget. These
properties make the conventional ARQ schemes impractical. In response to these factors, the
CCSDS File Delivery Protocol (CFDP) has been developed. In CFDP, there is no acknowledgment
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(ACK) for file segment PDUs; there are only negative acknowledgments (NAKs) for missing PDUs.
(There are ACKs for ancillary messages such as EOF and FIN message, which are used for closing
the file transfer operation.) CFDP can store and forward PDUs as out-of-order sequence before the
file is completely received at the forwarding entity.

There are four modes of CFDP reliable file delivery operation [2]. In this paper, we present
performance analysis of CFDP in “immediate NAK” [2] mode, as specified in [1] and will be briefly
summarized in the next section. The scope of analysis is in file delivery using no waypoints. As
performance measures, this paper mainly focuses on throughput efficiency resulting from the
protocol and average file delivery time. The main contribution of this paper is the closed-form
expression or a simple numerical procedure for evaluating the performance metrics as function of
different exploratory variables (such as PDU size, timer values, etc.) and environmental variables
(such as round-trip propagation delay, bit error rate, transmission rate of the transmitter, file size,
etc.). The alternative approach would be random simulation, which usually takes enormous amount
of computation and programming efforts, and the accuracy of the performance figures are difficult to
bound statistically.

In the next section, we first briefly describe the operation of CFDP in immediate NAK mode and
point out the problem of duplicated retransmissions. Then, we analyze the throughput efficiency and
average time taken for delivering a file with an arbitrary size.

OPERATION OF CFDP IN IMMEDIATE NAK MODE

After initiation of a transaction, the sending entity sends Metadata PDU followed by file data PDUs.
Metadata PDU contains the information related to the transaction. After sending Metadata PDU and
all file data PDUs, the sending entity sends EOF (End Of File) PDU. EOF PDU means the end of
file transmission. The receiving entity responds to this EOF PDU by sending acknowledgement
(ACK_EOF PDU). The delivery of EOF PDU is ensured by this acknowledgement. The receiving
entity issues FIN PDU and closes the transaction after Metadata PDU, all file data PDUs, and EOF
PDU are correctly received. The sending entity closes the transaction upon the receipt of FIN PDU
and sends ACK_FIN PDU. The delivery of FIN PDU is ensured by this acknowledgement. For more
details of operational sequences, refer to [2].

Once, user initiates a transaction and selects immediate NAK mode, CFDP operates in a way that the
receiving entity issues NAK, immediately after it detects missing PDU(s). Any missing PDU shall
be detected comparing the offsets, such that if the offset from the first PDU is not zero or offsets
between two consecutive PDUs differ by more than one, there is at least one missing PDU. Unlike
the ARQ of terrestrial networks, ACKs are not used to acknowledge file data PDUs in CFDP due to
the relatively long propagation delay. Note that ACKs are only used for EOF and FIN PDUs. Each
CFDP NAK requests retransmission of all PDUs known to be missing since the beginning of the file
transfer up to the time of issuance of the NAK. This NAK strategy arises the problem of duplicated
retransmission. See the Figure 1 below.
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In the scenario illustrated by this figure, PDU i is either lost or contains error detected at the first
transmission. The receiving entity detects this missing PDU upon successful reception of the next
PDU and immediately issues NAK requesting for PDU i. Until the receiving entity receives this
retransmitted PDU i, it takes two times of propagation delay (we denote it by RTT in Figure 1). We
denote this propagation delay by propT . During RTT, there are two erroneous PDUs; PDU j and k.

When the receiving entity detects missing PDU j, it issues NAK requesting for PDU i and j.
Similarly, the receiving entity detects PDU k missing and issues NAK requesting for PDU i, j, and k.
As a result, even if PDU i is successfully received at the first retransmission, the second and third
retransmissions take place. In the following sections, we analyze immediate NAK mode taking into
account the problem of these duplicated retransmissions.

ON DUPLICATED RETRANSMISSIONS

We first examine if the duplicated retransmissions significantly wastes the wireless resources. Then,
we will later relate the expected amount of duplicated retransmission to the throughput efficiency.
For ease of analysis and simple intuition, we assume that the transaction has infinite number of
PDUs and derive the average number of the duplicated retransmission per PDU. For our analysis, we
make the following important observations.
Observation 1:
If a PDU is successfully received as a result of the first transmission, there will be no retransmission
at all.
Observation 2:
Consider the event that the first transmission of a PDU fails. Then, the total number of
retransmissions is the number of retransmissions up to and including the first success (which we
denote by Y) plus the number of duplicated retransmissions (which we denote by Q). As illustration,
see Figure 2. Let PDU j be lost or corrupted at the first transmission. Then, PDU j will be
retransmitted until successfully received by the receiving entity. In this illustration, PDU j is
successfully received at the mth retransmission for the first time (Y=m). After successful reception of
PDU j, there may be more retransmissions of PDU j because of duplicated retransmission problem.



Such duplicated retransmissions are caused by the NAKs issued in the interval of length RTT prior to
the successful reception of PDU j. A NAK message issued in that interval requests for PDU j
because PDU j is still considered missing by the receiving entity. Any NAK issued before that
interval causes retransmission prior to mth one, so the duplicate retransmission cannot be caused by
such a NAK. Any NAK issued after the interval does not request for PDU j because it has been
successfully received. We define random variable A to be the number of NAKs issued in this
interval.  Note that the number of duplicated retransmission is the number of these NAKs
successfully delivered to sending entity through the reverse link.

NAK

RTT

k PDUs

m_th retransmission of
PDU j

PDU j PDU j

PDU i

NAK

Figure 2

We will derive the expected number of unnecessary retransmissions E(Q) and the expected value of
the total number of transmissions for a PDU, which we denote by Z. It will easily follow Z=1+ Y+ Q
where 1 represents the initial fresh transmission. For simplicity, we assume that the PDU size is
constant and that /

P D U
k R T T Tº  is an integer. Note that transmission time of a PDU is denoted by

P D U
T . Among these k slots, some correspond to retransmitted PDUs, and some correspond to fresh

transmission (as opposed to retransmission). We define random variable X to be the number of slots
corresponding to fresh transmissions. The number of NAKs can be counted by considering these X
slots. A NAK is issued at the end of any among these X slots if the PDU in that slot is a successful
reception and the slot immediately prior to that is a failed reception. For example, in Figure 2, the
slashed PDUs represent the lost or corrupted PDUs, and the dotted PDUs represent retransmitted
PDUs. In this illustration, k=12, X=9, Q=1.
We have

( ) ( )| , 1 ( 1) 1ef efE A X x Z x P P= ¹ = - * -    (1.1)

where efP  is probability of PDU error in the forward link. Further, denoting ( )| 1E X Zξ ≡ ≠ , we

can write

( ) ( ) ( ) ( )| 1 { | 1 1} 1 ( 1) 1ef ef ef efE A Z E X Z P P P Px¹ = ¹ - - = - -    (1.2)
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where erP  is probability of PDU error in the backward link. Random variable Y has a geometrical
distribution, given that 1Z ≠ . Therefore, expectation of Y is given as
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From Eq. (1.3) and (1.4), we obtain the expectation of Z as
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Now ξ is still unknown to us. We can safely assume that the probability of an arbitrary slot carrying
a fresh transmission approaches ( )1 E Z  after sufficient time since the beginning of the transmission.

(For each PDU there are ( )E Z  transmissions on the average.) Therefore, we can approximateξ  by
( )k E Z . Thus, we can have the following approximation**
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Solving for ξ , we obtain
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Inserting Eq. (1.7) into Eq. (1.3), ( )E Q  is obtained as
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** The accuracy this approximation is to be examined through simulation.



Inserting Eq. (1.8) into Eq. (1.5), ( )E Z  is obtained as

( )
( )

( )

( ) ( )

( )

22

2 42 4 2

1 1 ( 1 )

2 1

1 { 4 (1 ) 2} 1 (1 ) 1 (1 )
          

2 1

ef ef er

ef

ef e f e f er e f e f er

ef

P P P
E Z

P

k P P P P P P P

P

- - -
=

-

+ - - - - + - -
+

-

   (1.9)

 The main finding in this derivation is that the expected number of duplicated retransmissions ( )E Q

increases with k (the number of PDU transmissions during two times propagation delay), and the

order of increase is k . Figure 3 and Figure 4 illustrate the expected number of duplicated
retransmissions per PDU against k for different values of efP  and erP . Note that there is slight

approximation for analytic tractability, and the approximation is more accurate for more number of
PDUs per file.
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THROUGHPUT EFFICIENCY OF IMMEDIATE NAK MODE

The previous section defined and derived the expected number of transmissions for each PDU,
( )E Z . That is, in order to deliver the information contained in one PDU (payload of the PDU), the

PDU is transmitted ( )E Z  times on the average. Therefore, the throughput efficiency can be defined
as the following:

( ) ( )

P D U _ p a y l o a d  s i z e
T h r o u g h p u t  E f f i c i e n c y

P D U _ p a y l o a d _ s i z e H e a d e r _ s i z eE Z
=

* +
   (2.1)

The derivation of ( )E Z  has some elements of approximation, which becomes accurate for a large
file size, although it is believed to be a close approximation for a wide range of file sizes. For an
infinite file size, the expression of ( )E Z  is accurate; thus, so is the resulting throughput efficiency.
The Figure 5 shows the Throughput Efficiency of Immediate NAK mode in different operational
environments assuming infinite file length. The time unit in Figure 5 is the astronomical unit: 1 au is
equal to 8 minutes.

Figure 5



FILE DELIVERY TIME OF IMMEDIATE NAK MODE

The expected ‘file delivery time’ is one of the performance measures considered in this paper. We
define ‘file delivery time’ to be the time from the beginning of the transmission (first bit of the
Metadata PDU) till the first moment when all file data PDUs, Metadata PDU, and EOF PDU have
been successfully received by the receiving entity. Note that the delivery of EOF PDU is ensured by
acknowledgement procedure in contrast to file data and Metadata PDU. We define ‘delivery time of
EOF’ as time interval between the instance just after transmitting last file data PDU at the sending
entity and the instance of receiving last bit of error free EOF PDU at the receiving entity. Therefore,
we can obtain approximated average delivery time of a file that consist of N PDUs as
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For the details on derivation of average EOF delivery time, see the Appendix A.

As mentioned before, there are some existing results on the expected file delivery time. Our
derivation is an improvement in accuracy, which removed some heuristic approximation employed
by the existing results. The existing result from [3] is given as,

( ) 0
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   (3.2)

Note that R T T  represents round-trip-time which is two times of propagation delay and 0T

represents link overhead. For more details on Eq. (3.2), refer to [3]. Now, we compare our results
and the results in [3] for a wide range of parameters.

     
Figure 6



The Figure 6 shows the effect of duplicated retransmissions on the average file delivery time against
round trip time (two times of propagation delay). Note that the right side viewgraph is same as the
viewgraph of left side without legend. The time unit in Figure 6 is the astronomical unit: 1 au is
equal to 8 minutes. For the purpose of comparison, we assumed that 0R T T T+  in Eq. (3.2) is
average delivery time of EOF. Also, we assumed 0erT = . Note that heuristic analysis in [3] did not

consider the effect of duplicated retransmissions. We can easily see the performance degradation due
to the duplicated retransmissions.

CONCLUSION

In this paper, we indicated the problem of duplicated retransmissions and analyzed the expected
number of duplicated retransmissions per a PDU. Also, we showed the impact of duplicated
retransmissions on performance measures. The main contribution of this paper is the closed-form
expression or a simple numerical procedure for evaluating the performance metrics as function of
different exploratory variables (such as PDU size, timer values, etc.) and environmental variables
(such as round-trip propagation delay, bit error rate, transmission rate of the transmitter, file size,
etc.). The alternative approach would be random simulation, which usually takes enormous amount
of computation and programming efforts, and the accuracy of the performance figures are difficult to
bound statistically. Since we resort to analytical approach, as opposed to random simulation, we can
utilize the derivation for examining the performance of different operational scenarios. For example,
the throughput efficiency of Immediate NAK mode can be examined as a function of exploratory
variables and environmental variables.

CCSDS recently published a new draft recommendation. In the new draft recommendation,
immediate NAK mode of CFDP is revised, such that new NAK strategy is introduced to prevent the
problem of duplicated retransmissions. We are currently investigating this new NAK strategy.
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Appendix A: Derivation of average EOF delivery time

In this section, we show the derivation of average EOF delivery time. Recall that the delivery of
EOF PDU is ensured by acknowledgement procedure. First, we describe the EOF PDU
acknowledgement procedure and present the derivation of average EOF delivery time.

The sending entity sends EOF PDU after transmitting the last file data PDU. Upon successful
reception of EOF PDU, the receiving entity acknowledges the sending entity by sending ACK(EOF)
PDU. To ensure the delivery of EOF PDU, the sending entity sets EOF timer after transmitting EOF

PDU. We assume that the EOF timer is set to expire after ( )( )( )2 prop PDU ACK EOF
T T+ . The effect of the

timer value on performance needs to be further studied. In this paper, we use the timer values that
can be intuitively argued to be optimal from the point of view of transmission efficiency. At the
instance of timer expiration, if ACK(EOF) PDU is not successfully delivered to the sending entity,
the sending entity sends EOF PDU again. This process will continue until both EOF PDU and
ACK(EOF) PDU are successfully delivered. Now, we define ‘delivery time of EOF’ as time interval
between the instance just after transmitting last file data PDU at the sending entity and the instance
of receiving last bit of error free EOF PDU at the receiving entity. We denote by timeout_EOF the
value at which EOF timer is set. Also denote by GEOF the geometrically distributed random variable
that counts the number of EOF transmission up to and including the first successful delivery. Then,
the EOF delivery time can be expressed as

( ) ( )( 1){ _ } { }propE O F P D U E O F P D U E O FG T t i m e o u t E O F T T- + + +

Thus, its expected value is
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It is reasonable to set

( )( )
_ 2 prop P D U A C K E O F

t i m e o u t E O F T T= +

In this case, the expected EOF delivery time is
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ABSTRACT

The Consultative Committee for Space Data Systems (CCSDS) is defining a CCSDS File Delivery
Protocol (CFDP) capable of use between systems of multiple endpoints. A number of prototype CFDP
implementations have been developed and some interoperability tests performed over UDP links. This
paper reports on a study of CFDP running over more realistic packet telecommand and packet telemetry
links. An integrated test system was constructed by adapting existing commercial and prototype
software. This was used to study a number of scenarios which are likely to be important in early
operational use of CFDP in space. This approach has been found to be useful both for testing a protocol
during its development and specification and for verifying the impact of new approaches to Space
Missions.
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INTRODUCTION

The Consultative Committee for Space Data Systems (CCSDS) has been working to define a CCSDS
File Delivery Protocol (CFDP) capable of use between systems of multiple endpoints (for example
spacecraft, ground control systems, planetary rovers). The protocol supports configurations of varying
complexity ranging from simple systems with a single ground station and spacecraft up to systems with
many spacecraft, multiple hops and multiple pathways using both reliable and unreliable underlying
links. The links may suffer long periods of non-availability due to occlusion. CFDP has been designed
and specified by CCSDS Subpanel 1F. The specification (see reference 1) currently has Red Book status
which means there is enough detail for implementations to be built but that the specification has not yet
been approved by the CCSDS member agencies.



A number of prototype implementations are being developed for ground and space use. Some
interoperability tests have been run between the different implementations to check for possible weak
points and to improve both CFDP definition and implementations.

Most of the testing so far has used Internet protocols, specifically UDP, for the underlying
communications layer. However, in operational use, CFDP will generally run over space link protocols,
which have many different characteristics compared to UDP. Tests of CFDP in the space environment
are planned for 2001 using the STRV 1d spacecraft.

Meanwhile, it was decided that it would be useful to study the behaviour of the CFDP protocol when it
is running over one of the space link protocols. The purpose of the study was to validate CFDP over
simulated packet telecommand and telemetry links.

The study contained a number of areas of work:

• construction of the Integrated Test System
• definition of the test scenarios
• execution of the test scenarios
• evaluation of results
• production of a set of recommendations and warnings on CFDP.

The work was performed during the period March to November 2000. This paper describes the CFDP
Integrated Test System, looks at some of the scenarios studied, discusses some of the recommendations
which emerged from the study, particularly on the subject of flow control, and concludes that the testing
of higher layer protocols over simulated links is a valuable tool.

The test system is available for free licensing to CCSDS Member Agencies wishing to simulate the
space link and to examine the effect of using CFDP on their spacecraft operations and monitoring. This
is important given that CFDP can be considered a major step towards advanced data links and new
Telemetry and Telecommand Architectures.

INTEGRATED TEST SYSTEM

The Integrated Test System was built from two existing software elements. These are the:

• Packet Telecommand and Telemetry Simulator of I B + M A de Lande Long Software +
Consultancy

• CFDP implementation of the European Space Technology Centre (ESTEC).

The simulator is described in reference 2. The telecommand components of the simulator are also used
in operational spacecraft control systems.

The structure of the Integrated Test System is shown in figure 1.



Figure 1:  Structure of the Integrated Test System



The running of the system is controlled by a modified version of the Packet Telecommand and
Telemetry Simulator, called the Control program. In total, the test system uses five processes:

• the Control program
• two instances of the CFDP entity: G (ground) and S (space)
• the User Interface program
• the Report program.

The Control program has two pairs of interprocess message queues for sending and receiving CFDP
protocol data units (PDUs). One pair is used for communicating with the G entity and the other for the S
entity.

When PDUs arrive from the G entity, they are (optionally) queued in a mega-buffer and then “uplinked”
as TC packets via the TC Encoder. A mega-buffer is a buffering system in main memory which can
accept megabytes of data. When a packet is delivered by the TC Decoder, it is sent via the other
interprocess message queue to the S entity. Similarly, PDUs received from the S entity are queued and
then “downlinked” through the TM Encoder and TM Decoder and delivered to the G entity.

The Control program starts and stops the other processes in a run. It takes parameters from a script file
and from the interactive user interface. Parameters input interactively during the run are saved to another
script file so that the run can be repeated if required. Also, the Control program can use the interprocess
message queues for sending control messages to the CFDP entities.

Each CFDP entity has its own Management Information Base (MIB) file. The MIB file can include the
addresses of further CFDP entities running on other machines. This permits the execution of tests which
require more than two entities.

TEST SCENARIOS

The European Space Agency (ESA) are primarily interested in the use of CFDP in simple scenarios with
two CFDP entities, representing a spacecraft and a ground system. ESA expect that their use o CFDP in
the medium term will be for this kind of application.

The main aim of the study is to validate the combination of CFDP with Packet Telecommand.
Therefore, the test scenarios were chosen to concentrate on this combination. For example, how should
the telecommand link be configured for a particular kind of CFDP transfer? What is the effect of the
mission type - for example, Near Earth or Deep Space?

There are a number of issues to be addressed by the tests:

• Choice of values for Packet Telecommand parameters
• Short or long loop delay (near Earth or Deep Space)
• Interruption of connectivity
• Simplex connection (“blind” transmission)
• Highly unbalanced bandwidth (slow uplink, fast downlink)
• Multiple simultaneous file transfers
• Link errors
• Concurrent non-CFDP traffic on telecominand and telemetry links
• Concurrent CFDP traffic to additional CFDP entities



• Choice of values for CFDP timers
• Choice of CFDP acknowledgement options

The defined test scenarios were implemented as script files and executed on the Integrated Test System
and the results were analysed.

Checkout scenario: to demonstrate that the integrated test system is working.

The single test in the checkout scenario has been run successfully.

Loop delay scenario: compares long loop delay against short loop delay.

Three tests have been run for the loop delay scenario. The first two compare a short loop delay (2
seconds each way) against a long loop delay (50 minutes each way). A third test has the long loop delay
and introduces errors on the uplink.

All three tests have been run successfully. The CFDP timers were set to very long values to allow for the
loop delay, and the CFDP transactions ran well in these conditions. In test with errors on the uplink,
there were 17 data packets sent in response to the NAKs from the receiving end.

Unbalanced bandwidth scenario: to compare highly unbalanced bandwidth against more equal
bandwidth.

Two tests have been run for the unbalanced bandwidth scenario. They compare a more unbalanced
bandwidth (downlink 500 times faster than uplink) with a less unbalanced bandwidth (downlink 12.5
times faster than uplink).

Both tests have been run successfully. The highly unbalanced bandwidth did not have any effect on the
CFDP behaviour. Differences between the two tests were caused by the different uplink rates.

Multiple transaction scenario: to study behaviour when multiple file transfer transactions are running
simultaneously.

Five tests have been run for the multiple transaction scenario, using different combinations of multiple
transactions running simultaneously.

All five tests have been run successfully. Simultaneous transactions running in opposite directions are
genuinely simultaneous. The total time for three uplink and two downlink transactions in one test was
the same as the three uplink transactions alone in another test.

One-way communication scenario: to study behaviour when there is no downlink communication.

One test has been run for the one-way communication scenario. It uses CFDP Unacknowledged mode. It
uses the Packet Telecommand B Service, because the A Service is not suitable for one-way
communication. The test has been run successfully.

Interrupted transfer scenario: to study behaviour when the connectivity is interrupted part way
through a file transfer. This is intended to examine the case where file transfer begins, the pass ends, and
the file transfer is resumed in the next pass. For example, the next pass might not be until the following
day.



One test has been run for the interrupted transfer scenario. It uses the Packet Telecommand A Service.
One file, size 60K, is uplinked. When part of the file has been transferred, the CFDP transaction is
suspended at the source entity. The packet telecommand session is terminated and the uplink and
downlink signals are stopped. Later, the signals are restarted, a new packet telecommand session is
started and the CFDP transaction is resumed.

The test has been run successfully. There was a CFDP problem: the Suspend PDU did not reach the
destination entity, so the transaction was not suspended at the destination entity. This happened because
the Suspend PDU was at the end of the queue behind other PDUs for the file.

Link error scenario: to study behaviour in the presence of link errors.

Six tests, divided into two groups, have been run for the link error scenario.

In the first group, various combinations of link errors are tested. All four tests have been run
successfully. As expected, the transactions subjected to link errors took slightly longer to execute. One
of the tests showed some problems with CFDP Acknowledged (immediate) mode.

In both tests in the second group, a large file (size 2MB) is uplinked with link errors. In one test, the
losses are recovered by the Packet Telecommand A Service (COP- 1 protocol) and in the other, the
losses are recovered by the CFDP protocol. Both tests have been run successfully. The loop delay was
short (0.25 seconds each way), so there was no significant difference in the time taken.

Concurrent traffic scenario: to study behaviour in the presence of concurrent non-CFDP traffic on the
telecommand and telemetry links.

There are four tests for the concurrent traffic scenario, which have various combinations of concurrent
telemetry and telecommand traffic. All the tests have been run successfully. As expected, the
transactions took longer when there was competing traffic. The competing telecommand traffic had
proportionately more effect:

Uplink times:
No concurrent traffic 54 seconds
Concurrent 50% of uplink capacity 113 seconds

Downlink times:
No concurrent traffic 22 seconds
Concurrent 80% of downlink capacity 36 seconds

Difficult scenario: to study behaviour in the presence of multiple negative factors.

File transfers are executed in difficult conditions: highly unbalanced bandwidth, long loop delay, uplink
and downlink link errors, and two files uplinked simultaneously.

Two tests have been run for the difficult scenario, with multiple negative factors. In one test, the losses
are recovered by the Packet Telecominand A Service (COP- 1 protocol) and in the other, the losses are
recovered by the CFDP protocol.



Both tests have been run successfully. The loop delay was long (60 seconds each way), so the test with
the A Service took slightly longer (17 minutes against 14 minutes). In these conditions, the COP-1 go-
back-n protocol has to retransmit many frames each time a frame is lost.

Additional CFDP entity scenario: to study behaviour in the presence of additional CFDP traffic with
other CFDP entities.

One main test has been run for the additional CFDP entity scenario. The test requires two machines
connected by a network capable of running UDP. The second machine runs two additional CFDP
entities.

In the main test, there are transactions to uplink and downlink some files. Simultaneous transactions
send files to and from the additional entities. The test has been run successfully.

A test without the additional entities was run as a comparison. The time for the uplink and downlink
transactions was the same in both tests. The CFDP traffic with the additional entities had no noticeable
effect on the transactions.

CFDP RECOMMENDATIONS AND WARNINGS

The issues arising from the analysis of the test results were written into a report of CFDP
recommendations and warnings. The report was presented at the CCSDS Subpanel 1 F meeting, 9-1 0
November 2000. It was agreed that the next version of the CFDP Red Book or Green Books would be
amended to take account of most of the issues raised.

The list below shows the titles of the issues. The most important one is the question of flow control.
Many of the other points concern parts of the Red Book where the necessary detail is missing or unclear.

• Flow control on interface to underlying communications layer
• Queues of File Data PDUs inside a CFDP entity
• Definition of Keep Alive PDU
• Use Keep Alive PDU after EOF (End of File)
• Simultaneous transactions with same source and destination
• Additional communications channel
• Errors while executing filestore requests
• Cancelling the NAK timer
• Immediate mode
• Timing of responses to NAKs
• Gap to end of file
• Finished PDU positive acknowledgement
• Deferred transmission
• Aggregate entities
• Waypoint to a member
• Handover message traffic
• Unacknowledged mode
• State tables
• MIB definition
• Blue status for Red Book
• Put.request and Transaction.indication



CONCLUSIONS

The CFDP protocol has been run in a set of test scenarios, representing a range of different types of
space missions and operating conditions. The tests have demonstrated that CFDP can successfully
transfer files over realistic space links, with constraints such as low bandwidth, long loop delays and
competing traffic.

The study has also highlighted areas where the CFDP specification needs expansion and clarification,
particularly in the area of flow control.

Overall, the study has shown that simulations are a useful tool both for testing a protocol during its
development and specification and for verifying the impact of new approaches to Space Missions.
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INSTRUMENTATION – MAKE IT COMMON
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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).  The HSTSS is partnering because the unique expertise
needed for the high g instrumentation system is spread across industry and the Government.  The
approaches used to reduce risk in the development of instrumentation systems will be described.
Also technical strategies will be addressed.  In this paper a discussion about the affect that the IPT
process has had on HSTSS to make the program successful.  This paper will describe the strategy
used to leverage existing technologies, processes, and to market the components that has been
developed.  The information presented here 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.  This paper will address how we are delivering a low cost, miniature, high-g (100,000
g’s), and modular instrumentation system.  This instrumentation is to be used for indirect fire and
direct fire projectiles and small missiles.  The building blocks for this instrumentation system
include batteries, transmitter, pulse code modulation (PCM) encoders, and a variety of sensors
(pressure, spin rate, etc.).  Instrumentation requirement for HSTSS is to collect data from launch to
impact.
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INTRODUCTION

An IPT under the HSTSS project is having instrumentation systems developed that will allow the
Government to test weapon 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 own limited resources.  This results
in an instrumentation system that is one of a kind and is expensive and non-reusable.  In order to
reduce the cost and risk, the focus for HSTSS has been on commercial technology and leveraging
this technology.  The HSTSS Project 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 affects of obsolescence and allows ready insertion of
advanced technology.  It is important for Government leaders to realize that because of the limited
resources available, different activities and services must team together.  If the activities and
Services try to maintain individual programs, they will end up duplicating efforts.  The HSTSS has
been successful in leveraging and working with other programs to help meet their requirements and
reduce duplication.  Competition between services has been detrimental because information is not
shared and efforts are duplicated.

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 transitioned into an OSD Joint Improvement (JIM) program.  The HSTSS is a low cost,
microminiature, high g (100,000 g’s), modular instrumentation system.  The HSTSS instrumentation
will be used on projectiles and small missiles, which will allow measurements to be made on board
during flight.  Data will be collected from launch to impact.  The limiting factors in the design of the
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 component 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.  Most manufacturers want quantity buys
in the  thousands per month, not ten.  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 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 (from .5 cubic inches to 13 cubic inches).
This way we could develop individual building blocks to allow HSTSS to be geometrically flexible
and easily adaptable to latest technology, as it became available.  The modular/component design
makes HSTSS more adaptable to meet the different configurations needed by the three Services.

DEVELOPMENT STRATEGY

The strategy for HSTSS is to contract out the development of 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 fifty.  When test quantities grew large enough, an
integration/production contract would be competed.  The component cost is greatly reduced because
the technology is commercially available and the components could be fabricated with very little
development.  As stated previously the technology driving parameters of the system are the



requirement for high-g and microminiature size.  The 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 utilize the electronic media.

PROGRAM MANAGEMENT

With the increasing sophistication of munitions and small missiles, instrumented flight tests are
necessary to reduce development costs.  However, in the case of small or relatively inexpensive
systems, instrumented flight tests are often not made due to anticipated or presumed high cost of
measurement systems.  Because the cost of instrumentation is high and in most cases the
instrumentation is not recoverable, the cost of testing can be high.  The DoD and the Army provide
the funding for this project.  The project is to develop and demonstrate a new generation of high-g
(100,000 g’s) telemetry technologies.  In the beginning the HSTSS strategy was to have a prime
contractor as the integrator for the HSTSS components.  Because it did not work out that way in the
initial request for proposal (RFP), the IPT decided that the building block approach at the component
level would be the most effective strategy.  The IPT had based this decision on the past experience
from projects where the components could not be separated and therefore the project succumbed to
obsolescence, could not be maintained, and was not used.  The building blocks were divided into the
transmitter, power source, encoder, and sensors.  Contracts were awarded for the building blocks.
When the building blocks are delivered the Government will integrate them into prototype systems
for specific test instrumentation needs.  During the development of the building blocks, HSTSS has
been able to take advantage of the latest technology and incorporate this technology into the building
blocks.  These products will be made 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.  Transmitters that cost $5,000 will be less than $1,000.  If program costs are to be
reduced we need to leverage other programs and work the three Services as a super IPT.  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 must 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 need to utilize commercial technology.
Companies 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 sold.  Automobiles, cell phones and wireless internet are a few
examples where the quantities being purchased are high and the profits are also high.  These are also
the industries that have products similar to our instrumentation needs, such as sensors and
transmitters.  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.  Second 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.  The 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, which was stated before, is that the instrumentation is not recoverable and therefore the cost
must be kept at a minimum.

Key management tools, which have been used successfully, are the IPT, leveraging technology being
developed by other activities, and searching out and using commercial technology.  In today’s
market a Program Manager has to be smart enough to follow the trends in the commercial market
and utilize that technology to meet the needs of the program.

COMMERCIAL TECHNOLOGY

Under the HSTSS program, commercial technologies are needed to meet the tri-Service
requirements.   In some cases commercial technologies would not fulfill the needs, such as in size,
power requirement or high-g environment. It was concluded early that the commercially packaged
transmitters available would not fit the requirements for many of the HSTSS integration efforts.
Components were not available from the commercial transmitters to meet our requirements.
Because the components were not available the HSTSS IPT awarded a contract to develop a
transmitter chipset. The chip sets include voltage controlled oscillators (VCO), amplifiers, and phase
locked loops (PLL).  This product is being delivered with various levels of packaging, allowing
greatest flexibility.  The various levels include bare die, packaged integrated circuits, and complete
modules.  Ultimately this offers the designer the latitude to use the product in small or large
volumetric applications.  When this contract was awarded there were no commercially available
components to meet the size and power requirements.  Now there are components, such as VCO,
amplifiers, and PLL on the commercial market that will meet the majority of the HSTSS
requirements.  Because we took the building block approach we can integrate the HSTSS
components with any of the components on the market.  The market expansion into the 2.4 GHz
frequency has helped HSTSS since the frequency for the HSTSS transmitter is very close to the
commercial frequency.

In the past on many programs, including HSTSS, the only way to meet the size and power
requirements were to go to a traditional application specific integrated circuit (ASIC) development
solution.  Recent advancements in commercially available programmable chips are allowing non-
development ASIC solutions to be achieved.  Technology driven markets, such as the wireless
handset, have given light to new chip developments.  Many new programmable logic device chips
are being made available that contain digital and analog circuitry.  This new circuitry potentially
eliminates the need for separate blocks of analog and digital circuits.  Traditional ASIC development
is time consuming and is not flexible in terms of modifying the design after the ASIC has been
fabricated at the foundry (Ref 2).  Significant reductions in encoder development time and cost are
being realized by utilizing programmable technologies in lieu of traditional ASIC developments (Ref
3).  The HSTSS has looked at several commercially available programmable chips to meet a PCM
encoder requirement.

It is important to ensure that the ASIC design is properly implemented, because it will save both
time and money.  Performing simulations on the circuitry to check electrical and layout
characteristics is usually the only method to verify the design.  However, knowing the parameters to



model, selecting tools, model generation, and validation is time consuming by itself.  After
performing this phase, the designer may find out that some of the assumptions were not correct,
causing a modification or simulation redesign.  Another way to validate the design would be to use
programmable chips to implement a design and provide confidence that the ASIC design will
function as expected.  The commercial market is recognizing the cost effectiveness of using
programmable devices to meet small quantity needs, and also to verify ASIC designs for large
quantity needs.  Because of this, the market has expanded in the area of programmable devices.

The HSTSS has evaluated a 4-channel PCM encoder on a projectile and an 8-channel PCM encoder
on a missile/rocket; both based on a field programmable gate array (FPGA) chip.  The encoder
modules were developed as risk mitigation efforts under HSTSS, but were soon found to be very
practical and useable.  The encoders were used as an example to see how the FPGA chips would
survive and operate in high-g applications.  To meet the size requirement the FPGA chip was
required to be packaged on the module as a bare die.  Additional HSTSS IPT efforts are being based
on complex programmable logic devices (CPLD) and peripheral interface control (PIC) processor
chips.  These chips are small enough to meet the packaging requirements needed for small
volumetric applications and enhanced performance.  Several designs are being investigated using
both CPLD and PIC processor chips.  Initial PIC design concepts have shown that the chip is well
suited for lower PCM bit rates, and is capable for implementation of serial data streams.  The initial
testing of the PIC output PCM bit stream was at a bit rate of approximately 625 Kbit/s, but the PIC is
believed to support higher rates.  Inputs supported include analog data and digital data (SPI, RS-232,
RS-422).   Initial CPLD design concepts have shown that the chip is well suited for higher PCM bit
rate, and achieving bandwidths of up to 5 Mbit/second.   The number of channels and throughput
obtained in the PIC and CPLD designs are limited by the selection of A/D converters that meet
HSTSS size requirement.

The goal of the HSTSS IPT is to have a family of encoders based on commercially available
programmable chips.  With the continued expansion of programmable chips in the commercial
market, the HSTSS IPT goals will be met.

The 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 4).  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 was contracted 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.   Primary power cells, available from Ultralife Batteries (US), offer
similar form factor characteristics with even higher energy density and have been evaluated for high-
g applications (Ref 5).



INTEGRATED PRODUCT TEAM

The major factor contributing to the success of the HSTSS program is the effective way that the IPT
has worked together. Because HSTSS is such a large program, it was decided more than just a single
IPT was needed. There are six active contracts totaling almost $10 M.  There are two universities
doing studies for HSTSS.  Because of this large consortium, there is not just a single IPT.  The IPT
process is a valuable asset to HSTSS helping to manage the work.  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 four years.  The IPT has been
able to make technical decisions and still keep cost and schedule well under control.  Everyone is
focused on the requirements and how these can be met with the latest technology.  The team and
HSTSS are continually growing.

CONCLUSION

The HSTSS is a low cost, flexible instrumentation system that will be used on a variety of projects.
This is happening because we have a great IPT; we are leveraging other programs, and making full
use of commercial technology.  Some of the HSTSS components can meet the commercial needs
allowing the manufacturer to expand the market, which eventually reduces the unit cost and gives
the manufacturer a reason to produce the component.  Commercial applications from the cell phone
industry has made it possible to design a transmitter around the latest miniature VCOs, power
amplifiers PLLs, and crystal oscillators.  The use of commercial technology such as FPGAs, CPLDs
and PIC processors have made it possible to design encoders with tremendous flexibility.  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, IPTs,
partnering, and commercial technology.
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WEST COST SHALLOW WATER UNDERSEA WARFARE
TRAINING RANGE

Robert Reid
Naval Undersea Warfare Center Division Newport

ABSTRACT

Undersea warfare (USW) was perceived as a large-area, deep-water operation in the past therefore
Fleet USW training ranges were designed to meet these requirements.  Currently the bigger threat is
the likelihood of regional conflict throughout the world by aggressive nations in littoral waters.  The
U.S. Navy must stand ready to respond to these regional conflicts when national interests are
threatened.  Consequently, naval forces must train to operate in the littoral environments where such
regional conflicts are likely to occur.  The West Cost Shallow Water Undersea Warfare Training
Range (WC SWUWTR) is being developed to provide this training.
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Shallow Water Training, Digital Signal Processing, Acoustic Telemetry, SONET ATM, OC3

INTRODUCTION

The US Fleet has decided to develop and install Shallow Water Undersea Warfare Training Ranges
(SWUWTR) 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 naval operations.  This high accuracy real-time operation can only be accomplished on a precision
underwater range.  Shallow water however limits sensor performance, weapons utilization, and
tactical maneuvering.  The SWUWTR provides the operational capability to allow USW training and
assessment under these adverse conditions for air, surface and subsurface vehicles.

The primary WC SWUWTR mission will be to support Fleet USW readiness through training and
tactical development of submarine, surface ship, and aircraft.  USW includes both the traditional
AntiSubmarine Warfare (ASW) as well as Mine Warfare (MIW).  The WC SWUWTR will support
the development of realistic combat exercises through platform vs. platform operations as well as
weapon firings at mobile targets.  The WC SWUWTR will also provide operators, units, and staffs
with 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.



Organic Mine Counter Measures (MCM) is becoming an ever-increasing concern for Fleet units.
Currently the Submarine Force provides little or no mine training for its deployers.  A concept to
provide real time mine avoidance training based on real-time measurements of the platform’s non-
acoustic signature; along with precision tracking and real-time mine trip feedback is feasible.  This
concept would allow unit level training for both ASW & MCM during one range visit by the unit,
saving operational costs.  The concept of multi-mission training would provide a better mission
rehearsal scenario and improve readiness over current training opportunities.  This concept builds on
the current application of providing tracking and acoustic communications through bi-directional
acoustic nodes multiplexed on an undersea fiber optic cable.  The SONET ATM telemetry employed
in the current designs of these arrays has a large unused bandwidth that can be utilized with the
addition of magnetic, electric and pressure sensor data.  Adding these non-acoustic sensors to the
tracking and communication nodes and installing portable inert mine shapes next to the nodes will
provide real-time measurements to emulate a threat mine on shore (in software) as well as the
appropriate (in-water) stimulation to the platform’s mine sonar.  The immediate feedback would be
via an acoustic transmission from the range to the platform.

In order to accomplish the requirements for the WC SWUWTR, telemetry is employed in several
aspects of the program.  Telemetry is used in the following areas: fiber optic SONET ATM, over
Microwave Data Links (MDL) and in-water using an Underwater Acoustic Telemetry System
(UATS).  WC SWUWTR is planned and sponsored by the Navy’s Tactical Training Ranges Office
OPNAV 789. WC SWUWTR is a multi-phase program beginning in FY03 with a Request For
Proposal (RFP) therefore this is a good opportunity for telemetry industry to become involved in the
system development.

THE SWUWTR SYSTEM

The basic SWUWTR system consists of two main components an In-Water Subsystem (IWS) and a
Shore Electronics Subsystem (SES).  The IWS is made of underwater acoustic receivers, transmitters
and electronics called nodes.  Each node will contain a hydrophone providing an acoustic bandwidth
of 50Hz - 40 kHz.  The low end of the frequency band is desirable to monitor the activity of marine
mammals on the range that are vocalizing.  Each node has an acoustic 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 nodes.  In additional to the acoustic sensors that have been clearly
defined, the intent is to provide other sensors such as magnetic pressure, electric and seismic to aid
in the MCM training.  The hydrophones receive tracking signals, called pings, generated by
electronics installed on each participant operating on WC SWUWTR.  These cooperative ping
signals are required to accurately position the underwater vehicle on the range as no passive tracking
is performed.  The vehicles tracked underwater are typically submarines, torpedoes or USW targets.
Surface ships can also be tracked via this method although GPS based in-air tracking systems are
more commonly used.

Analog data from the hydrophones is conditioned, digitized, formatted into ATM cells and
telemetered to the SES over fiber optic cable on a SONET OC-3 carrier.  Up to 64 nodes may be
connected in series and multiplexed into one single mode optical data stream and interfaced to the
SES.  The SES receives the data, performs signal processing on the incoming pings and generates



positional tracks for the underwater vehicles.  Figure 1 provides a graphical depiction of the WC
SWUWTR as currently planned.  The IWS of WC SWUWTR will be located off the coast of San
Clemente Island, California.  The WC SWUWTR will be installed adjacent to the existing Southern
California Offshore Range Expansion (SCORE).  WC-SWUTR will utilize the infrastructure already
established at SCORE both on San Clemente and North Island off of San Diego, California.

Figure 1 – WC SWUWTR System Configuration

FIBER OPTIC TELEMETRY

The in-water data transfer mode utilized is SONET ATM at an OC-3 rate of 155.5 MB/s.  A
collapsed ring is currently being used requiring two single mode fibers per string of nodes.
Ultimately 12 sensors strings could be installed for WC SWUWTR by utilizing a 24-fiber trunk
cable.  Data from a total of 64 hydrophones can be multiplexed onto this collapsed ring.  Each sensor
is A/D converted at a rate of 104,375 Hz with 16 bits per sample.  A single ATM cell contains 24
A/D samples.  Along with the sensor data there are five ATM Header Bytes.  The header includes a
unique channel address for each sensor, a string identification number and a digital time stamp.  The
digital time stamp allows data from all sensors to be aligned on shore by the tracking processor.
From the SES commands and data are sent to the in-water nodes.  These commands include
providing the digital time reference, system initialization, laser control, acoustic transmitter control
sensor control and transmit data cells.  The transmit data cells are similar to the receive format.  The
sample rate and word size are reduced to 75 KHz and 8 bits per sample due to the reduced
bandwidth and dynamic range requirements.  The transmit data cells can be either voice or digital
data.



The WC SWUWTR program requires highly reliable fiber optic telemetry because the cost to repair
in-water systems such as this is prohibitive and the lifetime goal of the system is 20 years.  Each
node has an electronic and optical network topology designed to maximize reliability.  A functional
block diagram for the nodes is shown in Figure 2.  All signal conditioning, multiplexing and optical
electronics are fully redundant with two complete sets per node.  One of the two lasers is turned off
to prevent signal conflict although both optical receivers function at all times.  In addition to this
redundancy an optical bypass path exists for the optical data stream. The bypass uses a series of
couplers to feed optical data both to and around a node. At the output of each node the bypass signal
is combined with the direct signal for relay to the next node.  The optical network design maintains a
minimum power separation of 6 dB between the optical signals by adjusting the ratio used in each
coupler.  Thus the lower level signal appears only as noise at the downstream receiver and is ignored
until a laser failure occurs.  In this passive manner the optical loop integrity can be maintained even
with the loss of two consecutive sets of redundant telemetry electronics.  The result is a highly
reliable optical network.

Figure 2 - In-water Electronics Functional Block Diagram



SHORE ELECTRONICS SUBSYSTEM

The SES has the capability to receive and to send signals and commands between the nodes and the
Range Operation Center (ROC).  On the receive side sensor signals are feed into the Digital Signal
Processor (DSP) and on the transmit side commands and signals are sent to the nodes for the purpose
of acoustic transmission or node control.  The SES includes DC power supplies for powering the in-
water string electronics.  Each string uses a constant current power supply providing up to 2000
Watts.  Supply voltage is adjusted based on the string length, the number of sensors and to augment
the power amplifiers during acoustic transmission.  The SES also contains an SONET/ATM electro-
optic transceiver similar to the units located in the water.  An optical amplifier is required on the
transmit side of the optical network.  The SES originates the optical data stream communicating
from shore to the last node, typically more than 80 nmi away from the SES.

The DSP is the front end of shore systems developed by the Naval Undersea Warfare Center
(NUWC).  These systems consist of the interface to the SES, the Digital Signal Processor, tracking
software function, underwater communication controller, data display and control functions.  The
hardware for these systems will be distributed at two primary sites interconnected by an Ethernet
network.  The network uses a microwave data link as its backbone.  The first site is the ROC, which
provides command, control and support at the Naval Facilities at Naval Air Station, North Island.
The Cable Termination Facility (CTF) located on San Clemente Island is the second site.

Integrated with the WC SWUWTR is an in-air communications system originating at the ROC.  The
ROC utilizes communication towers located on San Clemente and at North Island to communicate
with ships and helicopters on WC SWUWTR.  The height of the tower, which is located on MT
Thurst provides 100% Line of Sight coverage to all range participants.

UNDERWATER ACOUSTIC TELEMETRY SYSTEM

An Underwater Acoustic Telemetry System (UATS) is also planned as part of the WC SWUWTR.
Preliminary work has been done with the UATS however the exact modulation method is not yet
settled on.  Basically a Quadrature Phase Shift Keyed (QPSK) or a Multiple Frequency Shift Keyed
(MFSK) approach will be implemented.  The initial use of the UATS will be to support the Virtual
Torpedo Program (VTP).  VTP simulates the launch and run of an MK48 ADCAP torpedo. The
UATS provides wire commands to a submarine coupled with a Hardware-In-The-Loop simulator
operating at NUWC in Newport, RI.  The submarine launches a water slug, which is an empty
torpedo tube then the UATS stimulates the submarines fire control system to simulate the run out of
a torpedo.  Below are the data needing to be transferred for VTP operation:

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
6.  Minimal Growth and Error Correction = 10%



Grand Total = ~360 bytes

Data is acoustically transmitted on the downlink to the nodes from the submarine at a center
frequency of 17 kHz and on the uplink from the node at a center frequency of 10.5 kHz.  The
telemetry signal bandwidth is approximately 5 KHz.

The use of UATS for other applications is also being pursued.  These include simulation and
stimulation, cueing of onboard sensor systems and data exchange for immediate and in-situ feedback
on training performance while at the range.  Less complex applications such as tele-text
communication and data file transfer are also possible.  Figure 3 is a graphical depiction of the
UATS.

Figure 3 – Underwater Acoustic Telemetry System



MINE SENSORS

Planned improvements to WC SWUWTR are MIW sensors.  These sensors include but are not
limited to, magnetic, pressure, electric and seismic sensors.  These sensors will be integrated into the
nodes and provide the Fleet MIW training and readiness.  In particular WC SWUWTR is focusing
on the Organic MIW that individual platforms are responsible for.  The MIW sensors will need to be
sampled and interfaced to the SONET ATM data stream.  The SES in turn would have to  interpret
these signals and provide a real-time indication to the range user of the situation.  There will be mine
sensing and detonation algorithms imbedded in the SES software.  Because of the acoustic bi-
directional functionality of the range there is the capability to provide an aural indication (pseudo
explosion) to a ship or Unmanned Undersea Vehicle (UUV) crossing a mine detonation threshold.

CONCLUSION

There are several areas that need innovative solutions in order to accomplish the requirements of
WC SWUWTR.  Key technologies are underwater systems, SONET ATM, underwater acoustics,
magnetic, pressure and electric sensors, DSP and several others.  Several opportunities for industry
exist to support these Fleet requirements since there are 4 phases of WC SWUWTR planned.

ACRONYMS

A/D Analog to Digital
ADCAP ADvanced CAPability
ASTEP Advanced Synchronous Torpedo Equipment Portable
ASW AntiSubmarine Warfare
ATM Asynchronous Transfer Mode
BBLF Broad Band Low Frequency
CTF Cable Termination Facility
DC Dirrect Current
DMS Digital Missile Simulator
DRV Digital Routing over the VME
DSP Digital Signal Processor
IWS In-Water Subsystem
KHZ Kilohertz
MCM Mine Counter Measures
MDL Mircowave DataLink
MFSK Multiple Frequency Shift Keyed
MIW MIne Warfare
NUWC Naval Undersea Warfare Center
OC-3 Optical Carrier
QPSK Quadrature Phase Shift Keyed
RFP Request For Proposal
ROC Range Operations Center
SCORE Southern California Offshore Expansion



SES Shore Electronics Subsystem
SONET Synchronous Optical NETwork
UATM Underwater Acoustic Telemetry Modem
UATS Underwater Acoustic Telemetry System
USW UnderSea Warfare
VTP Virtual Torpedo Program
WC SWUWTR West Cost Shallow Water Undersea Warfare Training Range
WLR-9 Wideband Receiver



Advanced Range Telemetry (ARTM) Systems Integration at the
Air Force Flight Test Center
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ABSTRACT

The aeronautical telemetry frequency spectrum is continually shrinking. More and more government
frequencies are being sold to telecommunications companies. To make matters worse, more complicated
weapons systems are spurring the demand for higher data rates. The telemetry infrastructure is
struggling to meet these demands as the equipment continues to age and is, in some cases, no longer
supported by the manufacturer. The loss of portions of the aeronautical frequency spectrum has had
significant effects at Edwards. Increasing scheduling conflicts and mission cancellations are rapidly
becoming a fact of life.

This paper describes the scope of the Advanced Range Telemetry Integration and Support (ARTM I&S)
program as it begins to integrate ARTM-developed products into the existing telemetry infrastructure at
the Air Force Flight Test Center (AFFTC). This paper will discuss the infrastructure upgrades required
in order to continue supporting test and evaluation missions. Numerous challenges will be addressed
including the shrinking aeronautical frequency spectrum, aging telemetry infrastructure, and the demand
for higher data rates. Possible solutions will be discussed to address the growing spectrum encroachment
issue.

KEY WORDS:  ARTM Integration and Support (ARTM I&S), Spectral Efficiency.

INTRODUCTION

ARTM I&S is an improvement and modernization program that will address spectrum issues at the
AFFTC. This program started in fiscal year 2001 and is scheduled to end in fiscal year 2006. The
primary spectrum issues are 1) the impact of the sell-off of spectrum used for test and evaluation at the
AFFTC, 2) the demand for higher data rates in the midst of losing spectrum, 3) the crowding in the
remaining spectrum, 4) the scheduling issues and 5) the aging TM infrastructure.

Existing systems need to be evaluated to see if they can be replaced by new systems that do not use
radio frequencies (RF). The most obvious approach is not to use RF at all. For example, fiber optics and
laser data links may possibly be used to replace microwave links.

However, it is expected that most systems will continue to use RF therefore improving spectrum
utilization in the existing bands is a must. In order to fit more Simultaneous users in the remaining
spectrum, spectral efficiency must be improved and the telemetry infrastructure must be upgraded. As
more users utilize the spectrum, improved scheduling techniques must be implemented in order to
resolve conflicts rapidly.

Integrating solutions is another challenge since more and more mission scenarios span multiple ranges
and require more commonality and interoperability between ranges. Finding a technical solution seems



to be just the tip of the iceberg as solutions need to be coordinated and agreed upon not only by
organizations within the AFFTC but also at neighboring ranges such as the Naval Air Warfare Center
Weapons Division at China Lake and Point Mugu, California. Fortunately, organizations such as the
Range Commanders Council (RCC), working groups with neighbor ranges, and even the International
Telemetering Conference provide excellent forums to make it easier to coordinate and share solutions to
today’s frequency spectrum challenges.

SPECTRUM CHALLENGES

Loss of Spectrum
Part of Upper S-Band (2310-2360 MHz) has been reallocated for commercial use. More of Upper S
(2385-2390 MHz) will be reallocated by 2005. Upper L-Band (1755-1850 MHz) is being studied and
may be reallocated for commercial use. Telecommunication companies developing third-generation
wireless devices have indicated that spectrum below 3000 MHz is ideal for their purpose.

Demand for Higher Data Rates
The high cost of test and evaluation missions have pushed high-priority and weapons systems programs
to demand more data per mission thus increasing to improve their cost-effectiveness per mission. This
results in use of even more spectrum in a spectrum-limited environment. The requirement to use video
links also does not help the situation.

Spectrum Crowding
Due to spectrum crowding, instances of reassigning users in S-Band have risen. Range Control Officers
(RCO) frequently check frequency assignments multiple-times per day, on the day prior, and the day of
the mission to verify that mission frequencies are still available. AFFTC RCO’s frequently use the
Integrated Frequency Deconfliction System (IFDS) to accomplish this task. Real-time technical and
ground support type of problems typically causes time slips, which exacerbates the spectrum-crowding
problem.

Scheduling Issues
Inadvertent use of frequencies has been known to cause interference problems between users. There
have been instances where range users assume complete ownership of frequencies based on their
priority. This leads to unscheduled use of frequencies, which is a common cause of interference
problems. Even with the tools available, there still seems to be a lack of coordination locally and
between ranges. Inconsistencies also exist with scheduling processes.

An Outdated and Aging TM Infrastructure
The TM infrastructure is struggling to keep pace with these events, as more data is required per mission
to reduce program costs. In some cases, data requirements are exceeding the capacity of the TM
equipment. The manufacturers no longer support some of the TM equipment. This has lead personnel to
cannibalize some equipment in order to continue to support missions.

The lack of tunable transmitters has limited the flexibility of range users. However, “Tunable” is often
interpreted in different ways. Some take it to mean the capability to modify transmitter frequencies prior
to a mission and also prior to closing up the test article’s panels while some expect it to be the capability
to modify frequencies even at the very last minute prior to take-off. It would be advantageous to have
the capability to modify frequencies at the very last minute prior to take-off.



REQUIREMENTS

The main requirement of the ARTM I&S program is to address spectrum issues to enable the AFFTC to
continue to support test and evaluation customers. This will be accomplished by determining which
systems can continue to use RF and which ones can be replaced by non-wireless RF systems.

Spectrum utilization of the existing RF systems should be improved. This can be done by improving the
spectral efficiency, upgrading the telemetry infrastructure, migrating out of congested bands, and
improving the scheduling system. It is expected that over the next 2 to 3 years, more ARTM I&S
requirements will be identified and added. The requirements described in this paper are only meant to be
top-level requirements. Improving spectral efficiency will be accomplished by integrating bandwidth
efficient modulation schemes developed by the ARTM program.

The telemetry infrastructure at the AFFTC needs to be upgraded over the next 5 years. The primary
areas of concern are the receiver, antenna, and data communication systems. These systems will need to
be upgraded to be capable of handling higher data rates required by our customers. These systems are
currently limited to 5 Mbps and some of these systems are past their life cycle but are continuing to
support missions at the AFFTC.

Scheduling techniques need to be improved and refined to address the limited spectrum situation. There
is a need for a scheduling tool that identifies frequency conflicts and actively resolves it. This tool must
also be common to all the ranges to be effective. Supporting the integration of frequency deconfliction
systems and supporting the migration of TM users from S-Band to L-Band will lead to improved
spectrum utilization.

ARTM US Scope Diagram

The diagram below shows the thought process that led to the identification of ARTM I&S projects. It is
also used to ensure that projects stay focused and address spectrum issues. A “*” means a project will be
established to capture requirements.

ARTM I&S Roadmap

This roadmap shows the projects required to address spectrum issues at the AFFTC. This roadmap is
broken down further into sub-roadmaps that are not shown here. The sub-roadmaps identify which
ground sites need to be modified and when they will be modified.

Project Descriptions

Frequency Assignment Modifications
The purpose of this project is to assist the transition of systems that have had or will have modifications
to their frequency assignments. The scope of this project includes resolving issues that arise as a result
of the transition. Close coordination with users, other ranges, and their respective RCC groups will be
necessary to ensure the success of this project.

Currently, ARTM I&S is supporting the migration from S-Band (2310-2390 MHz) back to L-Band
(1435-1525 MHz). ARTM I&S is also actively resolving the L-Band/Global Positioning System
interference issues as users are moved to L-Band. This project will utilize the solutions generated from
the ARTM studies. Knowledge gained from this effort will be used to migrate other users under the
Airborne Systems Upgrades project.



Figure 1.  ARTM I&S Scope Diagram

Figure 2.  ARTM I&S Roadmap



Improved Scheduling Techniques
Improved Scheduling Techniques will address the frequency scheduling challenges. Implementing better
tools and techniques, and implementing better methods to improve inter-range coordination will
accomplish this.

Improved Scheduling Techniques is currently supporting the implementation of the Integrated
Frequency Deconfliction System (IFDS). IFDS is an ARTM-developed web-based scheduling tool that
highlights scheduling conflicts. This tool is not yet automated to the point where it resolves conflicts;
however, ARTM plans to make this tool more intelligent in the next phase. ARTM I&S will support the
implementation of new capabilities for IFDS in the future. Recently, the ARTM I&S program supported
the integration of the IFDS at two area frequency coordinator sites in the western United States. ARTM
I&S will continue to track updates from this ARTM effort and continue to support future integrations.

Buy-in from the range users and other ranges is critical to make this scheduling tool effective. New tools
and techniques must be coordinated to get users to agree on its use. Inter-range scheduling conflicts will
need to be resolved by following a common process that takes into account the priorities of the
individual test programs.

Bandwidth Efficient Modulation
Bandwidth Efficient Modulation will implement bandwidth efficient modulation schemes that provide at
least 2:1 over current methods. The intent is to integrate non-proprietary technology, using open
standards, and commercially available products.

Currently, plans are being made to integrate Feher’s Quadrature Phase Shift Keying (FQPSK); a
modulation scheme that provides a 2:1 improvement over Pulse Coded Modulation/Frequency
Modulation (PCM/FM) techniques. New modulation schemes such as Multi-h Continuous Phase
Modulation (CPM) could possibly be integrated a few years down the road. Other viable alternatives
will be tracked to determine their applicability and if they can be captured by this program.

FQPSK is viewed as a step towards the non-proprietary technology. Other non-proprietary modulation
schemes that provide efficient modulation will be integrated at a later date. There are a few concerns
regarding this effort. Since many of today’s mission profiles span multiple ranges, commonality and
interoperability will need to be considered.

Receiver System Upgrades
One of the main drivers for this program is the demand for higher data rates. Demand for higher data is
caused by the greater dependence on telemetry to control the cost of testing by making each test flight as
productive as possible. Receiver systems must be upgraded to take advantage of newly developed
efficient modulation techniques that lead to an increase in simultaneous users within the allocated
spectrum. Upgrading receiver systems is also a must due to the fact that existing receivers are obsolete
which creates numerous maintenance issues at the AFFTC.

Antenna System Upgrades
Antenna System Upgrades will upgrade all antenna systems used for operations at the AFFTC. As
modifications are made to the TM ground segment, it is anticipated that antenna systems will need to be
upgraded due to changes in the link margin. Some of the antenna system components are also rapidly
approaching the end of their life-cycle.



Alternative Band/Technology Assessments
The goal of Alternative Band/Technology Assessments is to identify what alternatives exist to replace
wireless RF systems with non-RF systems, what alternative frequency bands are feasible for
aeronautical TM use, and what alternative technologies are feasible to augment or replace TM systems.
An upgrade to the TM infrastructure would then follow.

Currently, several technologies have been identified for further evaluation. Wireless technology such as
Third Generation wireless or 3G, satellite communications, and laser data links will be evaluated.
Recently, a wireless working group was formed with members from the 412 Test Wing and NASA
Dryden Flight Research Center in California to share knowledge on wireless technologies.

Other frequency bands such as C and Ku-band will also be evaluated to determine if it is feasible for
aeronautical TM. This project also includes tracking new developments such as ARTM’s Packetized
Telemetry effort and the Real-Time Telemetry Networks (RTTN) project.

Airborne System Upgrades
Airborne System Upgrades is a series of projects that upgrades airborne systems in order to continue
supporting missions at the AFFTC. Existing transmitters need to be replaced by bandwidth efficient
transmitters to reduce TM spectrum crowding. Airborne data recorders will be upgraded to reduce the
amount of data sent through the TM links. This project will also support the migration of S-Band users
back to L-Band.

Flight Termination Systems
New Flight Termination Systems (FTS) are being developed with enhanced capabilities. There is a
possibility that FTS will be reassigned to a different band due to existing conflicts. The FTS
infrastructure needs to be upgraded to implement new capabilities and address spectrum issues,

Data Communication Upgrades
Data Communication Upgrades will implement selected options to replace existing systems with non-RF
technology. Upgrades will also be made to the data communications segment of the TM infrastructure to
ensure that high data rates are supported.

CONCLUSION

ARTM I&S is a complex integration program. Due to the current situation of potentially losing more
spectrum and having to modify system frequency assignments, it is inevitable that more requirements
will surface in the near future. Integrating solutions to address spectrum encroachment issues will be
increasingly challenging as rapid technological advances make it difficult for, our end users to decide
which technology to buy into.

it is likely that this program will not resolve all spectrum encroachment issues; however, it will provide
a set of solutions to enable the AFFTC to continue to support test and evaluation customers. Close
coordination of ARTM I&S activities with end users, neighbor ranges, and the RCC is a must in order to
make this program successful.
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DEFINITIONS

Multi-h CPM Multi-h Continuous Phase Modulation is a bandwidth efficient modulation scheme
providing a 3:1 improvement over PCM/FM

FQPSK Feher’s Quadrature Phase Shift Keying is a bandwidth efficient modulation scheme
providing a 2:1 improvement over PCM/FM

IFDS Integrate Frequency Decon iction System is a web-based frequency deconfliction tool
that identifies frequency scheduling conflicts.

RTTN Real-Time Telemetry Networks is a Department of Defense project that will provide
wireless telemetry networks.

3G 3G stands for the third generation of wireless communication technology. It refers to
improvements in wireless data and voice communications through any of a variety of
proposed standards.
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                   Automating Telemetry Tracking Systems
                                     Operational Tests

                                                 Moises Pedroza
                                                     WSMR, WSMR NM

                                                                 Abstract

Automating Telemetry Tracking Systems Operational Readiness Tests is a concept that
was introduced at White Sands Missile Range in the early 1980’s. The idea was to
determine the condition of a Telemetry Tracking System in a reliable manner in a short
time as possible. A series of RF and Servo Tests designed to determine the condition of a
Telemetry Tracking System was implemented using HP BASIC.
The latest personal computers are faster and have more storage capacity plus the
capability to be programmed in higher level languages such as C/C++ and LabView. This
technology makes it easier to automate system tests.  Many of these tests need to be
conducted just prior to supporting a mission. Some tests are required to be performed on
mobile systems after moving the system from one location to another, especially if the
move was over long distances and rugged terrain. Tests such as G/T are conducted before
each mission because it yields accurate information on the Figure of Merit, or, System
Sensitivity.  Noise Figure Measurements are more difficult to perform to determine the
System Sensitivity since modern RF Subsystems have pre-amplifiers with Noise Figures
of less than 1.0 dB.
The “down-sizing” of personnel increases the possibility of failure in mission support
scenarios due to the many critical readiness tests needed to assess the Telemetry Tracking
Systems. Also, conventional test methods can be time consuming and are subject to
human error.
This paper describes four critical tests that have been automated to improve reliability of
the test data and decrease the amount of time required to conduct the tests. The “C/C++”
language was used to write the automation programs.  More tests will be automated later.

Keywords
G/T (Figure of Merit), Swept Frequency Amplitude Test, Noise Floor, Makeshift
Antenna Pattern, Tracking Error Gradient Test., GPIB.

                                                            Introduction
Telemetry Tracking Systems are the first in line to support a mission. Their function is to
receive the telemetry data from the moving object and relay the data to a central location
where the data is decommutated, displayed in real time, and/or recorded. The received
data must be of the highest quality such that the reproduction of the data is as much



identical to the radiated data as possible. To achieve this level, it is important to ascertain
the tracking system readiness.

                                                          Automated Tests1

                                         General Purpose Interface Board (GPIB)
Whether you program in “G” (Graphical, LabView) or any other high level language, you
must have a GPIB or some type of interface. The header files you use depend on how you
will write the program. Specifically, any C/C++ program with an GPIB Interface require
that you add the following header files:
#include <windows.h>  to define some basic types
#include “decl-32.h”      to define the variables, constants, and functions to control the
GPIB.
This means you must include the decl-32.obj file that does not reside on your normal
C/C++ Include header files. You must choose from VC++ the path where decl-32.h
exists. You must also select the path where decl-32.obj exists to allow the program to link
and therefore generate the .exe file.

                                                       G/T Measurements
Receiver Sensitivity is characterized by its “Figure of  Merit”: The “Figure of Merit” or
“Goodness of the system” is a ratio of Antenna Gain to effective System Noise
Temperature (G/T).
Individual measurements of Antenna Gain (G) and System Temperature(T) are needed
but are unwieldy and inconvenient to make. For example, Antenna Gain measurements
require a separate standard gain horn antenna and a far-field antenna range. The range
must be free of multipath. Another possible problem is that there could be a mismatch
between the source and the receiving antenna.
For an accurate System Temperature measurement, a Hot/Cold load is required. This
procedure requires extreme caution handling liquid nitrogen. Also, using a solid-state
noise source yields poor accuracy.
Direct G/T measurements can be made without having to measure the antenna gain and
the system temperature separately. Automating this test ensures that the measurement can
be made on cloudy days with assurance that the antenna is centered on the sun.

                                        Requirements for G/T Measurements
The G/T measurement is a Y-Factor measurement of the Telemetry Receiving System
with the following equipment: Telemetry Tracking System with a parabolic receiving
antenna, Power Meter (or RMS Voltmeter), and Receiver i-f output.
The Y-Factor is a power difference measurement of the celestial noise source and the
“cold sky”. Figure 1.0 depicts the power measurement setup using the sun as the celestial
noise source. The elevation angle between the receiving system and the sun should be
between 30 degrees and zenith with respect to the horizon. Measurements can be made at
lower elevation angles but with the possibility of increased error due to ground clutter.



A Personal Computer (PC) is programmed to conduct the following steps.
1.0 Point the antenna to a position of the “cold sky” to prevent any interference while
performing a Noise Floor measurement. The Noise Floor measurement establishes a
reference value for allowing the tracking system to enter the Autotrack mode and to
determine the receiver I-f linearity.
2.0 Freeze the AGC to maintain a constant AGC level. This is the key to measuring the
noise power level from the celestial source and the cold sky.
3.0 Rotate the antenna to the celestial source. The software program should calculate the
angles to the sun (AZ/EL) from any geodetic coordinates.
4.0 Make a power level measurement and store the data.
5.0 Rotate the antenna at least 300 away from the celestial source and make a power level
measurement.
6.0 Calculate the G/T value. This is determined using the equations below.

1.0 Atmospheric Attenuation Correction (K1)

                           K1 = 10 Ag/(10*sin(αα))                                                      (1)
Where
             Ag = total zenith attenuation in dB
                       Ag = 0.03 for L band
                       Ag = 0.035 for S-Band
                       (See: Reference CCIR,”Attenuation by atmospheric gases”, CCIR Study
                        Group Report 719,1978 )
Alpha (α)  = Elevation Angle to the sun

2.0 Beamwidth Correction Factor (K2)

                      K2 =  (1 + 0.18*(0.53/HPBW))2 )2                                  (2)

3.0 Solar flux Correction (S)

                      S = (S2695/  S1415) SP    * S1415 * 10-22                               (3)

                      SP = Log10 (F0 / 1415) / Log( 2695/1415)                       (3a)

Where
            F0 = Test Frequency in MHz
            S1415 = Solar flux at L- Band       
            S2695 = Solar flux at S-Band

S olar flux units: Watts/Meter2/Hz

4.0 G/T = 10*Log10 (8*ππ  * K1*(Y-1)*K2 / (S*λλ 2))



Y = numeric equivalent value of (on sun) power reading and (off sun) power reading

These equations are easily programmable on a PC.

                                   Swept Frequency Amplitude Test (SFAT)
This test allows you to see the frequency response for the operating band(s) of the RF-
Subsystems. The information yields the status of the RF Subsystem A conventional test
procedure requires removal of the Feed Assembly Unit from the reflector to access the
RF Subsystem. The measurement is conducted in a Laboratory environment by injecting
a signal at a given level and writing down the frequency and Power Meter gain readings
(or Spectrum Analyzer). The tedious repetition can cause human errors.  Also, you risk
misaligning the Feed Assembly Unit at the focal point every time you remove and replace
it.
You can program the frequency step increments in any detail you want, as long as the
signal source can be incremented in the desired steps. The automated test takes little time
and includes the system line losses up to the multicoupler. The data is recorded on hard
disk to be analyzed immediately or later. Figure 2.0 depicts the test setup.

                                               Makeshift Antenna Patterns
Antenna Pattern Measurements are tedious. Not everyone has the “perfect antenna range”
to conduct these tests. Many times it isn’t necessary to conduct true antenna patterns. If it
were, we definitely would go to a certified antenna range. In the interim, when a mobile
system is moved over rough terrain, or there is suspicion of multipath, allow the project
you are supporting to radiate their true signal level. This means using the actual radiating
antenna and antenna pattern at the EIRP. Rotate the tracking antenna CCW or CW any
given amount of degrees in azimuth away from the source. Allow the PC to measure the
gain read from the receiver. The response will be indicative of the signal strength level
and any possible multipath. This test requires you to read the gain from the tracking
receivers versus angular position. You can evaluate the “goodness” of your location and
decide of it meets your criteria for a good site.
This automated test allows you to plot the results immediately.  Figure 3.0 depicts the test
setup.

                                        Tracking Error Gradient (TEG) Test   
The Tracking Error Gradient Test is one of the most important system measurements. If
the tracking feed is a multi-band feed, this measurement is more critical. This is due to
the fact that the error gradient is different for different frequency bands. If the gradient is
set wrong, the antenna can lag or lead the target you are tracking in the automatic
tracking mode. Eventually the error generated will exceed the limits of the system and
cause the system to lose lock.
The Tracking Error Gradient measurement is conducted in the following steps:
1.0 Allow the antenna to autotrack the source.
2.0 Read and store the azimuth and elevation angles.



3.0 Place one of the axis (Example: Elevation) on Standby to prevent it from moving in
that axis.
4.0 Rotate the Antenna in azimuth (CCW or CW) to the outer limit of linearity of the
Tracking Error Gradient. (Example: TEG = 1 Volt/Degree). The antenna would be
rotated 2 degrees from the autotrack center, CCW. The antenna is then rotated CW in
increments of 0.1 degrees to the opposite limit. At each stop, have the computer store
signal strength measurements of the tracking error voltage from of the Tracking Error
Demodulator or Receiver AM Output.
5.0 Plot the results and determine the Gradient.
The increments can be a source of errors in reading the output voltage. Automating the
steps takes the operator out of the loop. The measurements can be done very effectively
by a PC and plotted immediately with the Gradient determined. See Figure 4.0. If the
Gradient is wrong, you can calculate the numerical correction value and set the correct
value.

                                                             Conclusions
The comparison between conventional test procedures and automation leaves no doubt
that the Automated Test Procedures (ATP) are by far better and less prone to errors. The
argument can be made that the ATP is only as good as the programming. Once you debug
the software, the ATP is by far the best way to go. The speed and accuracy of the ATS
measurements outweigh convention test procedures.
The G/T test is the best method for determining System Sensitivity.
The Swept Frequency Amplitude Test gives you a record of the frequency response of the
RF system.
The “Makeshift Antenna Pattern Test” is not a recommended procedure for accurate
antenna pattern measurements. It does however allow telemetry personnel to automate
“ideas” that previously were too laborious or time consuming to perform.
The Gradient test is a must for accurate autotrack performance.
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ABSTRACT

The Range Commanders Council (RCC) Range Safety Group (RSG) is conducting a study into the next
generation of ground-based flight termination technology, known as the Enhanced Flight Termination
System (EFTS) study. The study was initiated by the RCC in April 2000 and scheduled to be complete
in March 2002. The Government is performing the study with support from contractors and academia. In
addition to the RSG, the Telemetry Group, Frequency Management Group, Telecommunications and
Timing Group of the RCC support the study. Additionally, the National Security Agency is providing
key support along with vendors who design, build, and test range safety systems. This paper will
describe the background, goals, and current status of the study.
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NOMENCLATURE

AFFTC Air Force Flight Test Center
DFRC Dryden Flight Research Center
DOD Department of Defense
EAFB Edwards Air Force Base
EC Executive Committee
EFTS Enhanced Flight Termination System
FMG Frequency Management Group
FTS Flight Termination System
FTSC Flight Termination Standing Committee
MRTFB Major Range and Test Facility Base
NASA National Aeronautics and Space Administration
NSA National Security Agency
NTISSP National Telecommunications and Information Systems Security Policy



RCC Range Commanders Council
RSG Range Safety Group
TG Telemetry Group
TTG Telecommunications and Timing Group
UAV Unmanned Aerial Vehicle

INTRODUCTION

Range Safety is used to provide definitive, quantifiable criteria to evaluate the risk to people and
property from potential hazards related to flight operations on or originating from national test ranges.
To prevent unmanned test vehicles from leaving controlled airspace, a mechanism called a flight
termination system (FTS) is generally used. The FTS’are designed and tested to be extremely reliable
and independent systems used by a range safety officer to halt forward motion of an errant vehicle by
placing it in a condition of zero lift (nominally) and zero thrust to establish a known impact point or
debris footprint. The type of termination action can vary from the use of a parachute to an explosive
charge that destroys the vehicle. Activation of these systems (to date) is through a series of sequenced
analog tones generated and amplified by a high-power transmitter.

The FTS, which was developed in the early 1950s was found to work well for many years. In the era of
high-altitude, long-endurance unmanned aerial vehicles (UAV), the system presented some
unanticipated interference issues. Specifically, high-altitude UAVs have line-of-sight to FTS
transmitters that could negatively affect the FTS on board the vehicle by introducing interference or
unintended commands. In addition, long-endurance vehicles allow for this vulnerable situation to last for
many hours. For years (and even today), Range Safety relied on the frequency management
deconfliction system to handle occurrences of the use of similar frequencies. With these newer types of
vehicles and missions, it was found that the line-of-sight potential was not addressed and deconfliction
with other uninvolved ranges was not considered or coordinated.

Based on this and the antiquated technology being used, it was recognized that studying the use of a
more sophisticated technology that prevented this type of interference and provided more security for
FTS was imperative. In order to provide a solid team that could look at all issues surrounding the
implementation of a new system, NASA-Dryden Flight Research Center (DFRC) and the Air Force
Flight Test Center (AFFTC) at Edwards AFB, California, decided to use the Range Commanders
Council (RCC) forum as the mechanism to coordinate this endeavor.

The RCC was founded in August 1951 upon the recommendation of the Commander, Naval Air Missile
Test Center, Point Mugu, California, to the Commanding General, White Sands Proving Ground, New
Mexico, and the Commander, Patrick AFB, Florida. The RCC is now made up of members representing
all of the DOD major range and test facility bases (MRTFB) and NASA launch and flight research
facilities. The RCC structure consists of the Range Commanders, Executive Committee (EC), standing
and ad hoc groups as may be established, and the Secretariat. The RCC was organized to preserve and
enhance the efficiency and effectiveness of member ranges, thereby increasing their research and
development, operational test and evaluation, and training and readiness capabilities. The scope of the
RCC is to:

a. Resolve common problems
b. Discuss common range matters in an organized forum
c. Exchange information thereby minimizing duplication
d. Conduct joint investigations pertaining to research, design, development procurement, and

testing



e. Coordinate major or special procurement actions
f. Develop operational test procedures and standards for present and future range use
g. Encourage the interchange of excess technical systems and equipment

In alignment with this scope and the objectives of the RCC, one of the standing groups within the RCC,
the RSG (and its subcommittee, the Flight Termination Standing Committee [FTSC], developed a task
to study robust command link message formats and modulation methods for FTS’. Several other groups
within the RCC were also consulted to be part of the study team. These groups include the
Telecommunications And Timing Group (TTG), The Frequency Management Group (FMG) and the
Telemetry Group (TG). In addition to these RCC groups, the National Security Agency (NSA),
academia, and industry experts were solicited to join the Enhanced Flight Termination System (EFTS)
team.

A key objective of the EFTS study is to examine improved security. The RCC FTS Commonality
Standard 319-99 traces security policy for space launch vehicle FTS’to two documents. The first is the
National Telecommunications and Information Systems Security Policy (NTISSP) No. 1 “National
Policy on Application of Communications Security to U.S. Civil and Commercial Space Systems,” dated
17 June 1985. The second is the National Security Telecommunications and Information Systems Policy
(NSTISSP) No. 100 “National Policy on Application of Communications Security to Command Destruct
Systems,” dated 14 September 1999. To update these documents so that a clear and definitive
understanding could be obtained for the intent of these policies in light of today’s launch missions, a
new document was drafted and approved. This superseding document is the NSTISSP No. 12 “National
Information Assurance Policy for U.S. Space Systems,” dated January 2001. This policy and associated
RCC requirements are the basis for determining the use of secure and nonsecure FTS’today.

GENERAL/PURPOSE

RS-38 Task lists the scope and specific objectives that are summarized here; some objectives have been
combined for clarity.

- Security, including protection against unintended commands, and selectable termination for
simultaneous multiple operations

- Use of the radio frequency spectrum including different frequency bands

- Impact on existing ground and airborne (including failsafe) equipment

- Impact on transmission and processing time (latency)

- Maturity and reliability of anticipated technologies and design solutions

- Immunity to interfering signals

- Cost

In order to accomplish these objectives, the task has been structured in a phased approach. The phases
are being conducted serially. For example, Phase I and Phase II must be accomplished to get the
required value out of Phase III and Phase IV. The results of each of the phases will culminate in a report
describing the salient facts and outcome of the effort with appropriate recommendations. The task will
also provide an estimation of cost and provisions required to allow each range to continue the use of the



legacy system in conjunction with the new approach. The FTSC-recommended approaches will be used
to perform modeling and simulation for the next generation of flight termination command links.

The EFTS schedule is predicated on several factors, the most significant being resource availability. The
personnel supporting this study are primarily providing part-time support. As this support is instrumental
to the success of the study, the lack of full-time participation increases the length of time needed to
complete the task. Based on the limited expertise in this field, this is not a case where it is possible to
shorten the schedule by increasing funding.

SCHEDULE

FUNDING

Funding for this study has primarily been provided by both the NASA-DFRC and the AFFTC.

PHASE I - REQUIREMENTS DEFINITION/RANGE INFRASTRUCTURE STUDY

Requirements were defined to provide a guideline for the study. The requirements analysis was
conducted by visiting a representative sample of the different communities involved with the FTS. The
different users of the FTS are tactical vehicles, remotely piloted vehicles (RPV), unmanned serial
vehicles (UAV), full-scale and subscale targets, sounding rockets, and expendable (ELV) and reusable
launch vehicles (RLV). Each of these users has unique requirements that need to be addressed. For
instance, the UAV community generally uses large geographical areas expanding over several ranges
with the FTS, all remotely controlled, whereas the Access to Space community (Eastern and Western
Ranges) is able to cover their vehicle from a single range, but require larger slant ranges and, therefore,
higher transmitter power.

The requirements definition effort focused on researching the existing standards and directly interfacing
with the range safety community to determine current requirements that had to be addressed in any
proposed new FTS technology. A baseline version of design guidelines was generated from the
requirements analysis. The purpose of these guidelines was to provide the basis for an Enhanced Flight
Termination Receiver (EFTR) and the associated ground support equipment. Due to the nature of the
study, the Design Guidelines are a living document and will be updated as required based upon new
information.

The FTS ground infrastructure for all of the MRTFBs was researched and documented in the Phase I
report which was released on 15 September 2000. The information gathered clearly shows that the
current ground systems supporting the MRTFBs share the same core capabilities. In addition, with
minor modifications, all ground systems can be upgraded to use certain types of digital techniques.



Coordination with all of the MRTFBs is important to ensure that if a new technology is proposed, that
those bases are capable of supporting the upgrade technologically.

The information on the airborne flight termination receivers shows that there is a common set of
requirements or guidelines that can be defined for the entire range safety community supported by the
RCC. Phase II and III are expected to demonstrate that these requirements can be met.

PHASE II - TECHNICAL ASSESSMENT

The objective of Phase II was to perform an assessment of all potential technologies without regard for
their current application. An extensive assessment of current analog and digital modulation techniques
was explored and analyzed.

The method used to perform the assessment was to generate technical approaches. These approaches
were developed with the aid of a description guide and evaluation criterion. By utilizing this method,
each proposed technical approach would address the same requirements and could be judged upon a
standard measure.

The EFTS team understood that there were many qualified sources for generating valid approaches for
an EFTR and the associated ground equipment. The three sources were vendors, EFTS team members,
and the MRTFBs.

Soliciting vendors who currently manufacture flight termination receivers and vendors who manufacture
the ground support equipment was imperative. Also solicited, through the Commerce Business Daily
(CBD), were any other vendors who had an interest in the field of flight termination. To explain the
goals and purpose of the EFTS study, an Industry Day was held at NASA DFRC on 8 November 2000.
Invitations were sent out to vendors who had expressed an interest in the CBD synopsis to ensure
maximum participation. Following the Industry Day, vendors were contacted to determine their interest
in developing a potential approach.

The developers were asked to submit descriptions of their approaches following the format established
in the description guide. A list of these and their authors are included in Table 1

TABLE 1.  CONTINUOUS PHASE FREQUENCY SHIFT KEYING

Approach Author Title
1 BAE/Cincinnati Electronics Bi-Phase Frequency Shift Keying (FSK) Approach
2 EFTS Team Bi-Phase-level CPFSK * Technique
3 BAE/Cincinnati Electronics Enhanced High Alphabet Approach
4 L-3 Communications - Conic Division Enhanced Secure Flight Termination System Technique
5 System Planning Corporation Non-Coherent 3 of 13 Tone Messaging
6 EFTS Team Pseudorandom Code Technique
7 EFTS Team Scalable 3-DES Encrypted BPSK Modulated Technique
8 AIIM L-Band Command Destruct

Table 1.* Continuous Phase Frequency Shift Keying (CPFSK) is used synonymously with pulse code modulation frequency
modulation (PCM/FM). PCM/FM is the term widely used in the telemetry community.



PROPOSED EFTS APPROACHES

To provide explanations of the descriptions, a conference was held to provide a forum for presentation
of approaches, inviting all interested parties. At this conference, the vendors and EFTS team presented
their approaches and answered pertinent questions. Due to comments made prior to the presentation
meeting and at the presentations, it was determined that the method of pursuing a single approach was
not the optimum evaluation technique. The evaluation team made the decision, prior to evaluating, to
select beneficial characteristics from the different approaches submitted. This allowed the evaluation
team the option of combining different elements of the approaches into a composite recommendation.

The final step in the Phase II technical assessment was the evaluation of the technical approaches. The
evaluator’s independent evaluations were consolidated and a meeting was held to arrive at a consensus
recommendation on which of the technical approaches to perform further analysis in Phase III of the
study.

After evaluating the proposed seven approaches and discussing the advantages, disadvantages and risk,
the modulation schemes that were determined to warrant additional analysis in Phase III were the
CPFSK and Modified High Alphabet schemes. These schemes were chosen based on their attributes
from various perspectives including the overall system, environmental considerations, performance, and
human factors.

The decision was made to not pursue the Binary Phase Shift Keying (BPFSK) or the Code Division
Multiple Access (CDMA) methods because of the inherent problems associated with coherent schemes.
Currently, it is believed that the FTS radio frequency (RIF) environment is characterized by significant
Doppler shifts, high-phase noise, and significant co-channel interference. None of these characteristics
define a friendly environment for coherent schemes. Thus, if a coherent scheme were to be used,
sophisticated signal processing would be required to overcome these impairments. A further
complication is the preference to reduce the cost of upgrading range infrastructure by retaining the
existing nonlinear power amplifiers.

To build the data format and determine the security technique for EFTS, all of the approaches will be
examined during Phase III to find the optimum solution.

PHASE III - TECHNOLOGY DEMONSTRATION

The technology demonstration phase will go a step beyond traditional study methods to provide
verifiable answers to complex questions. The candidate solutions to be further explored in Phase III are
modified high alphabet and CPFSK modulation schemes. A lifecycle cost analysis will be developed for
these solutions to ensure that cost impacts are identified and provided to the range safety community.

Other activities taking place during Phase III will be development of software models, RF analysis
testing, studies, and operational concepts. All of these activities will be investigated upon implementing
the new FTS approach. A more detailed explanation of Phase III can be found in the ITC 2001
proceedings paper, “EFTS Study. Phase II and III Status”.



PHASE IV - RCC STANDARDS RECOMMENDATION

The final product of this study will consist of performance specifications for EFTS ground-based
transmitters and airborne receivers. In addition, recommended standard updates to RCC 319-99, RCC
313-XX, etc, will be provided to the RSG FTSC for review. It is anticipated that these recommended
standard updates could be the starting point of a new or supplemental RCC document.

The Phase IV efforts will be started prior to the completion of Phase III. The draft performance
specification will not be completed until after the completion of the Phase III draft report. This provides
the RSG FTSC members with the information of the study concurrent with the draft specification.

FOLLOW-ON ACTIVITIES

As the EFTS study progresses the team is concurrently investigating funding sources and developing an
implementation plan which will lead to deployment of the EFTS system on the national ranges. This
plan will include development of first articles for both the airborne and ground segments of the EFTS
and integration of this hardware on selected ranges for testing and evaluation. The test ranges selected
will provide a cross section of the range safety mission including space lift, ballistic missile, and UAV
operations. The team proposes to conduct actual flight testing of the EFTS hardware with equipment
instrumented and carried as payload/experiments on representative vehicles. Potential sources of funding
and manpower for the follow-on effort include direct DOD/NASA sponsorship or partnering with
existing DOD development and upgrade programs. Currently under consideration for participation is the
Central Test and Evaluation Investment Program (CTEIP), Joint Advanced Missile Instrumentation
(JAMI) program. The goals of JAMI include development of a package of integrated instrumentation
components for applications in tri-service small missile test and training. Components developed will
support telemetry, time-space-position information (TSPI), and flight termination and end-game scoring
in a low-cost, modular package that will allow worldwide test and training.

SUMMARY

The EFTS task will provide the Range Safety community and the range user with information and
specifications for the design, development, and testing of an enhanced range safety system incorporating
improved security and robust command link message formats using digital modulation techniques. The
study, as it exists today, represents a well defined, technically sound approach which has and will
continue to meet all cost and schedule milestones. This system once fielded will provide the national
ranges an affordable and supportable advanced command destruct capability for the future.
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BACKGROUND

Historically, the display and processing of test data at the NAWCWD Land Range and Electronic
Combat Range located at China Lake, and the Sea Range located at Point Mugu has been handled by
two somewhat independent organizations.  At each respective site, Telemetry (TM) data is
processed/displayed by the telemetry groups and the Time Space Position Information (TSPI) is
processed/displayed by the Range Data Systems groups.  All three sites began life as totally
autonomous ranges and were merged together as one organization within the past 7-8 years.  The net
result of having 3 previously independent ranges, each with 2 stove-piped processing groups, is 6
different data processing and display systems.  This situation has created numerous problems for
NAWCWD ranges and it’s customers:

• Downsizing and “brain-drain” have left the processing groups at each site with only fragments
of their original software development teams.  This makes maintaining the existing software
difficult, and improving it nearly impossible.

• The NAWCWD Pacific Ranges and Facilities (PR&F) Department can no longer afford the
duplicity of effort required to maintain these systems.

• Interoperability between Ranges is difficult and costly.  Many customers must pay to have their
displays built at one range, only to have to pay for it all over again when they fly at the other
ranges.  The extra money is bad enough, but the schedule delays are what the customers hate the
most.

• Computational algorithms can vary between the 3 ranges, making comparison of test results
difficult.

• Operations and maintenance personnel don’t have a clue as to how the other range’s systems
work.  This prevents the effective cross-site use of people resources when there is a surge in one
range’s workload.



• The sharing of data between the TM and TSPI systems is awkward, usually requiring some kind
of add-on software/network connection that adds latency to the shared data.

The PR&F Range Data Systems Division has recognized these problems some time ago and has
initiated a development project in an effort to solve them.   The new system would essentially
replace the entire display subsystems at each range leaving the existing TM and TSPI front-end
processors intact.  The basic architecture facilitates some interesting changes in operational
philosophy.  The most notable is that it is no longer necessary to have separate TM and TSPI display
workstations since all data sources are available to any workstation on the network.  Interoperability
will be greatly enhanced because system setup information will be easily transportable from Range
to Range.   As of this writing, the project is in the requirements gathering/prototyping stage.

We believe that this system will be a key element in networking our Ranges together in support of
large-scale joint testing exercises.  By integrating a common processing and display  system across
all NAWCWD ranges, we can seamlessly support interoperability without any special add-on
software and its associated complexities and performance penalties.  Our customers will also be able
to move from Range to Range with minimal learning curve, consistent  look and feel, and uniform
data products.

SCOPE

This project encompasses the 3 Ranges at NAWCWD: Land Range at China Lake, Sea Range at
Point Mugu, and the Electronic Combat Range at China Lake.  Some groups at the Atlantic Test
Range (Patuxent River Maryland) have also been contacted with regards to this project but are as of
yet undecided on whether to participate.  Each of the TM and TSPI display systems at these ranges
will be replaced with a common display software system that runs on very low cost workstations.
Installations at other Ranges may also be included in the scope of the project, but the impact of their
requirements will initially be regarded as somewhat secondary to the overall goal of achieving a
common display and processing system at NAWCWD/NAWCAD.  This limitation of scope is not
intended to be exclusionary towards other Ranges, but rather to keep the size of the project
manageable until the core implementations can be fielded.  Display systems at
NAWCWD/NAWCAD that are specifically being targeted are:

  Range                         TSPI Displays             TM Displays

    China Lake Land Range                 RCCS-II            DataViews, Daves-III
    Point Mugu Sea Range              GRIDS DataViews
    China Lake ECR                 YDRA/ECR         Omega-NT

APPROACH

Requirements gathering will consist of a somewhat different approach than what is considered to be
the norm these days.  Rather than gather all possible requirements up front and build a complete



system around those requirements, we have instead chosen a more iterative approach.  We first
defined a core set of requirements and then built a prototype around them.   The prototype will then
be used as a tool to gather specific requirements and feedback from each Range.   A Requirements
Questionnaire has also been developed to facilitate the requirements gathering process.  A
requirements gathering team will travel to each Range to train the technical points of contact on the
use of the prototype and facilitate the requirements gathering process.  We are optimistic that this
approach will foster a more collaborative environment in which each Range will play an active role
in defining the final product.  The basic process for gathering requirements at each site is as follows:

1. Forward the Requirements Questionnaire to the technical Points of Contacts (POC’s)
of each host Range at least 2 weeks before the requirements gathering team arrives.

2. Requirements gathering team travels to the host Range to set-up prototype, train and
interview technical POC’s.

3. Requirements gathering team maintains close contact with technical POC’s during
evaluation period.

4. Requirements gathering team returns to host Range approximately 30 days later to
collect Requirements Questionnaires and debrief with each technical POC.

5. All information is recorded and entered into the Requirements Database.

Once all requirements have been collected and documented, a “super-set” of requirements will be
translated into the final System Specification.  This will serve as the master plan for how the system
will be developed for all NAWCWD Ranges.

REQUIREMENTS

Requirements will be classified into 3 basic categories:  Core Requirements, Architectural
Requirements, and Operational Requirements.

Core Requirements are very basic and have primarily been used to define the functionality of the
prototype.  Some of the Core Requirements are:

1. Must run on a low cost PC class machine.
2. Point and click user interface.
3. Software must be object oriented and written in C++
4. TSPI displays must provide 3-D capability with plan view, rotated, wingman, chase-

plane, and cockpit views.
5. TSPI displays must support textured overlays and maps based on DFAD/DTED or

bit-mapped data.
6. TM displays must support Alphanumeric, Strip-Chart, Gauges, Dials, Limit Alarms,

and Bar-Charts.
7. Provide a “right-click” pop-up list of all available TM parameters.



8. Provide the ability to drag TM parameters from the master list and drop them on any
display object defined in #5 above.

9. All filtering algorithms are user definable objects.
10. All display and processing functions are user definable objects so that custom

displays and functions can be easily added to the core architecture.
11. Number of TSPI participants and TM parameters limited only by system throughput.
12. Multiple display pages can be defined and are accessed via “page-up/page-down”

keys.
13. Workstation archive and playback capability.   Playback can be run at user’s desk.
14. User can build display definitions at his desk and upload to range workstations via

floppy.

Architectural Requirements refine the physical attributes of the prototype (i.e. How the
system is built).  For example:

1. Each server must support up to 50 simultaneous workstation connections.
2. Each display must support up to 4 simultaneous connections to TSPI/TM servers.
3. Must support 10/100 Base-T or Gigabit Ethernet for all workstation/server/front-end

connections.
4. Telemetry front end must support TMATS import/export.
5. Display workstations must support the option of being dual-headed.
6. Etc.

Operational Requirements refine the functions that the prototype must perform (i.e. How the
system is used).  For example:

1. History trails must be user selectable with lengths up to 60 seconds.
2. TSPI displays must support user defined labels for all participants.
3. All display windows can be toggled from opaque to transparent by the user.
4. Map labels shall be user definable and allow easy attribute modifications.
5. Loss of TSPI data shall result in the flashing of the corresponding participant vehicle

on the display.
6. All participant vehicles shall be rendered in a realistic forms representing the FA-18,

AV-8B, QF-4,  F-16, F-22,  AH-1, UH-1, Tornado, AIM-9X, AIM-120, HARM,
JDAM, JSOW, Hellfire, and Tomahawk.

7. Etc.

PROTOTYPE ARCHITECTURE

The basic architecture of the Prototype consists of four main components:  TSPI Front-end
Processor, Telemetry Front-end Processor, Data Server, and Display Workstations.  The front-end
processors are existing Range assets and will in most cases remain largely unmodified from their
present configurations.  This architecture is the simplest to implement because it is very similar to
the architectures that presently exist at all NAWCWD Ranges.  As you will see later, an architecture
that is more conducive to interoperability is planned for the future.  Specific communications objects



for each unique Front-End processor  will reside on the Data Server,  thus providing the interface
medium between the Front-ends and the Display Workstations.  Telemetry definitions will be
downloaded from the Server  to the TM front-ends using the TMATS  telemetry attributes file
format.  The Data Server will also function as a focal point for all defined telemetry parameters and
TSPI tracks that are available at a given point in time.  The key point of this architecture is that the
core systems are identical except for the server to front-end communications objects.  The
modularity of the software will permit easy customization of the system by adding application
specific display and processing modules.  A simplistic representation of the prototype system is
shown in Figure 1.  The configuration of the existing system at the China Lake Land Range is shown
in Figure 2.

Figure 1.   Common Display System Block Diagram.
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Figure 2.   Existing China Lake Land Range System Configuration.

All prototype software is currently written in Microsoft Visual C++ using Microsoft Foundation
Classes (MFC) for all man/machine interface (MMI) objects.  All 3-D graphics are written in Open
GL thus requiring a video card capable of accelerating Open-GL graphics in hardware.  Currently
the software has been successfully tested with the Diamond Fire-GL, the 3D Labs Oxygen GVX,
and the Visiontek GeForce 2/3 series of video cards.  Most cards we have tested are in the $500-600
range but some video cards that have recently hit the market and have dropped the price to around
$350 while offering a 2-3 times increase in performance.  The prototype runs surprisingly fast on
systems as slow as a 450 MHz Pentium II although for the presentation demo I’ll be using an 800
MHz Pentium III.  Interestingly enough, the prototype is noticeably faster than the RCCS-II system
which runs on the Silicon Graphics Indigo II.  The Indigo II systems were about $45K when they
were purchased new in the early/mid 90’s and were considered to be very fast at that time.  There is
consideration being given to enabling the production version of the software to run on both Linux
and Windows.  This would require that all MFC objects be replaced with a library compatible with
both operating systems.  A sizeable task, but one that may be worth undertaking in order to avoid
being locked into Microsoft down the road.
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FUTURE ARCHITECTURE

While it is essentially a given that the basic platform of this system will remain fast-but-cheap PC’s,
there will be some dramatic differences in the way the display system, and ultimately our Ranges
will be architected in the future.  NAWCWD is actively involved in the Foundation Initiative 2010
(FI2010) and is fully supportive of the tenets of that project:   Interoperability, Sharing,  and Reuse.
One of the soon to be released (October 2001) products of FI2010 is a “middleware” software layer
designed to provide standard network connectivity between range components such as servers,
displays, instruments, etc.  While it remains to be seen if this new software (AKA “Ike2”)  will be
widely accepted into the Range community, the concepts behind Ike2 are viewed as the direction of
the future.  With that in mind, the architecture of the Common Display System will eventually take
on a much more distributed nature as shown in Figure 3:

Figure 3.  Distributed Network Architecture
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CONCLUSION

This is a very ambitious project and although the payoff is potentially great, it will not be without its
challenges.  Careful attention must be paid to requirements and the operational/ cultural differences
between the Ranges.  We often quip about how technically this project is a no-brainer but the people
aspects of the project are where the real challenges lie.   Right now interconnectivity and
interoperability are a big push as we build toward the future.  Many of our customers in the next few
years will come to expect our most advanced capabilities as standard fare.   The Common Display
System at NAWCWD is viewed simply a building block towards the overall goal of having fully
connected and interoperable Ranges that support the Integrated Battlespace Arena of the future.
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ABSTRACT

The development of unique solutions to telemetry processing using the latest technologies is often
fraught with the uncertainty of the system working correctly within the schedule for operational
support.  This uncertainty can be reduced considerably by analyzing the performance of the system
during the development and incremental test stage.  This paper describes a method by which the
analysis may be carried out during development so that the system will have the capability in the
required time for mission support.  This paper will show how different system models lend
themselves to the requirements, and how the analyses identifies areas of high risk.  The paper will
also describe a case study whereby these three alternatives to telemetry processing have been used
and could have been analyzed so that they would have met the requirements in a timely manner.

METHODOLOGY

Systems are aimed at meeting an objective within specified criteria.  In the commercial world this
criteria is schedule driven, whereas in research and development, it is cost driven.  Whether a new
technology is the valid choice for implementing a function depends on various factors.  The
methodology outlined in this paper identifies the following:

Functionality:   The system should meet all the task-oriented requirements that it was designed for.
Depending on the time, cost and complexity of the system these may not have been met completely.
To measure the completeness of the design, we have to assume that (a) the system is critical to the
project (b) the loss of data is not acceptable.  If these assumptions are made, then we can quantify
the requirements and the percentage of completeness on a weight scale.

Flexibility:  The flexibility measure of performance depends on the prediction for the future needs of
this type of system and its enhanced needs.  To build in flexibility, the following factors have to be
considered.  How testable is this capability? How easy is it to re-engineer the design to meet the new
needs? And can this system implementation be expandable to meet new requirements, predicted or
otherwise.  The quantifiable measures being the ease of testability, completeness of the test
processes and how repeatable is the test process.  The other two criteria, re-engineering and the



ability to meet new requirements are quantifiable with cost, and schedule, which is directly
proportional to the ease of implementation.  Similarly, these measures depend on and vary with the
type of technology; the complexity of the design; the expertise to achieve the implementation; the
state-of-the-art of the technology to be used, and cost, schedule and information.

Reliability & Maintainability: All the traditional aspects of reliability, modeling and prediction have
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. The criteria and the wide disparity in its measures depend on the technology
used.  The complexity of the design; the expertise (experience) of the designer and his/her
skill/information base; the schedule for the element, i.e. when is it needed and are adequate skills
and funding available to implement a 'reliable good' system; and finally the information available.
The last dependency is by far the most influential in arriving at realistic predictions.  Newer and
lesser mature technology has a very small database of performance.  The number of sources
(vendors) and the validity of their claims becomes very subjective and requires, in an ideal case,
intense prototyping efforts; but as a raw measure, some good experiences and educated predictions.

Cost:  As with all projects, cost is a very important measure in deciding how one is to implement the
design.  It should meet cost and scheduling objectives and do so without expending too much (funds)
in acquiring the skills.  As shown, the dependencies follow the classic pattern of 'how' and 'when' the
system is implemented.

ANALYSIS

The objective is to analyze three systems A, B and C which have the same functionality but vary in
performance with respect to rate of data processed, volume of data processed and quality of data
processed.  The analyses can be carried out for all the sub-systems for three systems A, B and C.  To
ensure that the comparison is consistent, it is imperative to state the objective of each subsystem and
element within the subsystem.  To simplify the comparison, the subsystems of A, B and C are
classified into one of these three models.

Mixed System Model: The Mixed System model has modular elements as cards in a CPU cage with
Back-Plane (B/P) interconnects, and a Local Area Network (LAN).

Figure 1 Mixed System Model
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System A fits into this model because it uses legacy and new firmware and software elements,
together with some hardware within the subsystems.  The Front End System (FES-A) is depicted as
block ‘A1’ in Figure 2.

Figure 2 System A Block Model

Distributed System: The Distributed System model, with CPU intensive distributed processing
functions.  The interfaces between the elements are a Wide Area Network (WAN), local wire
interconnects (I/F), and a LAN.

Figure 3 Distributed System Model

System B fits into this category because it utilizes CPU-intensive distributed processing functions.
Once again the LZP Data Capture Front-End System, DCF-B is denoted as ‘B1’ in the Figure 4.

Figure 4 System B Block Model

Single Element System: The single card system with elements on chip level, in this case the
interconnects are board interconnects which are Metal Traces (M/T), and a local wire interconnect
(I/F) to the next element, Figure 5.  System C fits into this category because it has all the front-end
and processing functions in a single card and the distribution functions in the same host system.
Figure 6, Block C1 denotes the Front-End System FES-C.
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Figure 5 Single Element Model

Figure 6 System C Block Model

Using these system level classifications, the analyses of the three systems can now be completed.  It
was evident from task listings that System B had many more points of failure than A or C, purely
based on the number of separate elements.  Using the same criteria and line of questioning, the
rankings for the Front-End, Processing and Distribution systems are evaluated on a sub-system basis.
The basis for ranking is on the type of system and represents a relative value.  The Performance
Measures are tailored towards the Performance Factors metrics.

In evaluating the Individual Rankings and Average Rankings for the sub-system elements for the
Processing and Distribution Systems, the author has taken the liberty of using a relative comparison
scheme due to a lack of expert opinion.  Wherever possible the geometric mean was used to reduce
the subjective effect of Ranking.  Table 1 shows the Scores from the Average Rankings.

Using ranking calculations based on criticality, each of the major sub-systems FRONT-END,
PROCESSING and DISTRIBUTION SYSTEMS for A, B, & C are evaluated, and subsequently the
Overall Evaluations are calculated for the systems.  Given these evaluations the Evaluation Criteria
are pair-wise compared to determine the relative priorities of the criteria.  Higher the priority, greater
the need to ensure that the criteria is met to the fullest.  This priority scheme in conjunction with the
ranking determines the order in which the elements have to be optimally developed to ensure the
optimal solution.

For example, the relative priority (RP) for System A FRONT-END Reliability & Maintainability is
the highest, say 0.5, and the Average Ranking for the Functional and Performance Reliability &
Maintainability of System A FRONT-END is, say 4.09.  This would give a Risk Score (4.09 x 0.5)
of 2.045.  To lower this value, the element level scores are examined and the high value scores are
identified.

I/FM/T M/T M/T M/T

M/T M/T M/T I/F

FES-C
C1 PROC DIST

CS



Table 1 A, B, & C Front-End, Processing & Distribution Systems Rankings

SYSTEM A SYSTEM B SYSTEM C

FRONT-END SCORE FRONT-END SCORE FRONT-END SCORE

Functionality 1.62 Functionality 1.85 Functionality 1.54

Flexibility 3.85 Flexibility 3.93 Flexibility 1.55

Rel. & Maint. 4.09 Rel. & Maint. 4.17 Rel. & Maint. 1.48

Cost/Schedule 2.35 Cost/Schedule 1.95 Cost/Schedule 1.67

PROCESSING SCORE PROCESSING SCORE PROCESSING SCORE

Functionality 2.28 Functionality 1.62 Functionality 1.73

Flexibility 3.51 Flexibility 4.18 Flexibility 1.68

Rel. & Maint. 6.05 Rel. & Maint. 4.84 Rel. & Maint. 1.42

Cost/Schedule 3.19 Cost/Schedule 1.80 Cost/Schedule 1.59

DISTRIBUTION SCORE DISTRIBUTION SCORE DISTRIBUTION SCORE

Functionality 1.51 Functionality 2.43 Functionality 1.84

Flexibility 2.20 Flexibility 5.79 Flexibility 2.31

Rel. & Maint. 2.10 Rel. & Maint. 4.97 Rel. & Maint. 2.06

Cost/Schedule 1.54 Cost/Schedule 2.93 Cost/Schedule 2.50

Table 2 Reliability & Maintainability Ranking for FES-A Element (d)

Functional Reliability &
Maintainability

Tech
0.166

Comp
0.278

Exper
0.278

Sched
0.111

Info
0.166

(d) Transfer data from Ingest to
detect/ decode/correct

9 4 8 7 8

Score

1.494 1.112 2.224 0.777 1.328 6.94

Performance Reliability &
Maintainability

Tech
0.313

Comp
0.313

Exper
0.188

Sched
0.063

Info
0.125

Score

(d) Transfer data from Ingest to
detect/ decode/correct

9 9 8 2 5

2.817 2.817 1.504 0.126 0.625 7.89

In this case the element (d) showed values of 6.94 and 7.89 for the Functional and Performance
Reliability & Maintainability Ranking.  The Average Ranking for Element (d) in the System A
FRONT-END Reliability & Maintainability is √(6.94 x 7.89), i.e. 7.4.  This would give a Risk Score
(7.4 x 0.5) of 3.7.  The system models lend themselves to different options for reducing this value.

For example, in System A, the high Risk Score is attributed to the high values for the Ranking by
Factors.  In the case of Element (d), the Rankings are shown in Table 2.  To improve the Risk Score,
it is necessary to reduce the Ranking in the high valued Factors.



For Functional Reliability & Maintainability Improvement:

• Improve the Technology Factor, through improved Design Approach; improved validation of
the New Modules; or limit the Number of Modules.  The latter may be constrained due to design
selection.  One method of validating the New Modules is through Incremental Prototyping.

• Improve the Expertise Factor, through training and skill enhancement.  The constraint of having
an in-experienced design team should be a critical influencing criterion for design selection.  In
the absence of choice, the only validation process for the design process is increased verification
at the elemental level, i.e. Incrementally Prototyping.

• Improve the quality of information.  This is a learning process, and in the absence of
information, the design has to be prototyped at every design plateau to build on the capabilities,
i.e. Incrementally Prototyped.

For Performance Reliability & Maintainability Improvement:

• Improve the Technology Factor, through improved Design Approach; improved validation of the
New Modules; or Prototyping.  One method of validating the performance of New Modules is
through Incremental Prototyping.

• Improve the Complexity Factor, through ensuring that the critical elements are reliable within the
performance requirements.  The best way to ensure this is through Incremental Prototyping at
the element and sometimes the sub-element level.  Once the critical elements are functioning
reliably, the validation is extended to the higher levels of the hierarchy.

• Finally, the Expertise Factor, as for the Functional Reliability & Maintainability, is based on the
available expertise.

PERFORMANCE RESULTS FROM CASE STUDY

The following paragraphs describe the actual results from system test, integration test, and
acceptance test of three systems that fit the models.  In some cases the results are from actual
operational scenarios.

System A – Performance Measurement and Model Evaluation: Table 3 shows the measurements of
System A Real Time transfer performance. This test did not attempt to stress the system beyond the
requirements for the first three missions, resulting in lower measured rates for the last release.

To demonstrate the application of this model, the Front End System for System A was evaluated as
shown in Table 4.



Table 3 System A - Real Time Data Transfer Performance -- Measured

System Requirements Measured Values
Requirement System RTOS

Mission
Support Release 0 Release 1 Release 2

Peak-single 10 Mbps 512 Kbps now
2 Mbps future

1 Mbps 1.2 Mbps 1.0 Mbps 1.3 Mbps

Peak-24
streams

20 Mbps 1.5 Mbps now
10 Mbps future

2.14 Mbps 1.2 Mbps 2 Mbps-3 streams 1.2 Mbps-3 streams

Peak-1 R/T 512 Kbps 512 Kbps now
1 Mbps future

850 Kbps 875 Kbps 830 Kbps 456 Kbps

Peak-24 R/T 512 Kbps 512 Kbps now
1 Mbps future

1.8 Mbps N/A 2.1 Mbps-5 users 500 Kbps

Allowable
R/T delay

3 sec 1 sec  -  -  - Exceeded 16 of 18
sessions

Table 4 Front End System Model Evaluation

Function Element System Rank
a) Ingest data correctly 100 100 1.0
b) Synchronize data stream 90 80 3.0
c) Maintain quality statistics 30 20 9.0
d) Transfer data from Ingest to detect/ decode/correct 100 90 2.0
e) CRC Decoding/Detecting 100 100 1.0
f) Reed Solomon Decoding/Detecting 100 100 1.0
g) Reed Solomon Correction 100 100 1.0
h) Deliver data from detect/decode/correct 20 10 10.0

3.50

System B – Performance Measurement and Model Evaluation: Some of the information contained in
this section has been obtained from the web site, from discussions with System Configuration
Manager, System Software Engineer, Project Management Personnel and System Hardware
Engineers.  Some of the more critical problems are as follows:

1. Bit Slip in the front end ingest which may be caused by incorrect timing design.
2. Reduced capability in ingesting and processing data in Real Time.
3. Reduced capability in providing real time telemetry data packets.
4. Interface and network issue.
5. Failure to utilize the complete capabilities of the Test Systems.

Beyond these five critical issues, the System B has so far supported the mission that it was targeted
for.  However, it must be noted, that as it was in the case of System A, the System B was chartered
to be an institutional resource for the support of a class of missions.

In the absence of more information the cause of the lower scores in the model evaluation as shown in
Table 5 are as follows:



• The element (b) is score at 80%.  Of this, 10% is because it could not be used for the low rate
Real Time task (estimated to be 10% of the total data volume), 10% because of the bit slip
problem.  At a system level, synchronization is at least a third of the total functionality of the
system, hence the drop of 30%.

• Element (e) failed to transfer all the data to the next task in the Data Capture Front-End
subsystem, and thus the drop of 30%.  At a system level the drop is 40%.

• Element (i) failed to deliver the Real-Time data from the Data Capture Front-End subsystem to
the next functional element in System B, hence a drop of 10%. At a system level, the Data
Capture Front-End task is at least a third of the total functionality of the system, hence the drop
of 30%.

• At a system level, the failure to provide the Real-Time function with the developed prime system
derates the capability for elements (a), (c), (d) and (h).

Table 5 Data Capture Front End System Model Evaluation

Function Element System Rank
a) Ingest data correctly 100 90 2.0
b) Synchronize data stream 80 70 4.0
c) Maintain quality statistics 100 90 2.0
d) CRC Decoding/Detecting 100 90 2.0
e) Transfer data from Ingest to detect/decode/correct 70 60 5.0
f) Reed Solomon Decoding/Detecting 100 100 1.0
g) Reed Solomon Correction 100 100 1.0
h) Maintain quality statistics 100 90 2.0
i) Deliver data from detect/decode/correct 90 70 3.4

2.49

System C – Performance Measurement and Model Evaluation: Unlike Systems A & B, System C
was essentially a proof of concept design prototype to demonstrate new technologies in meeting the
critical requirements that were levied on System B.  However, since it was to demonstrate the proof
of concept, the driving factor in the implementation was capability and cost.

Table 6 System C - Real Time Data Transfer Performance – Measured

System Requirements (Mbps) Prototype (Mbps) Measured (Mbps)
Requirement Sys. FES Proc. Xfer. Prel. Initial Final
Single Svc 150 >350 >400 >400 150 150 167 190
Multi-Svc 150 >350 >400 >400 150 110 131 165

Single Svc w/RT Stat 150 >350 >400 >400 150 75 110 150
Multi-Svc w/RT Stat. 150 >350 >400 >400 150 35 90 130

The model evaluation for System C Front End System is shown in Table 7, From the analyses three
major setbacks were attributed and identified as described in the following paragraphs.



Table 7 System C Front End System Model Evaluation

Function Element System Rank
a) Ingest data correctly 100 100 1.0
b) Synchronize data stream 100 100 1.0
c) Maintain quality statistics 100 70 3.1
d) CRC Decoding/Detecting 100 100 1.0
e) Transfer data from Ingest to detect/decode/correct 100 100 1.0
f) Reed Solomon Decoding/Detecting 100 100 1.0
g) Reed Solomon Correction 100 100 1.0
h) Maintain quality statistics 100 70 3.1
i) Deliver data from detect/decode/correct 100 30 6.0

2.02

• Even though the commercially accepted standard PCI bus was being widely used, there were still
many holes in the formalization of the standard and not enough statistical or historical
information.  This decreased the validity and veracity of the data pertaining to commercially
available PCI interface devices, which in turn restricted the data transfer rate from the Front-End
system to the Disk storage system to less than 210 Mbps.

• The mid-level workstation platform used to facilitate the data transfer from the Front-End
System across the Host Platform PCI bus to the Disk storage system had degraded performance
on the initiation of a second channel of information namely the status and monitoring data.

• Incorrect coding of the VHDL and hence the incorrect synthesis of a programmable device
caused data corruption of a byte every three seconds when running at 150 Mbps.

CONCLUSIONS

Table 8 Comparisons for A, B & C Front-End Systems

SYSTEM A

FRONT-END

SYSTEM B

FRONT-END

SYSTEM C

FRONT-ENDPerformance
Measures

Modeled Measured Modeled Measured Modeled Measured

Functionality 1.62 4.47 1.85 2.25 1.54 3.92

Flexibility 3.85 3.35 3.93 2.25 1.55 2.94

Rel. & Maint. 4.09 8.95 4.17 4.50 1.48 1.47

Cost/Schedule 2.35 1.12 1.95 1.69 1.67 0.98

From the tabulated results in Table 8 the following conclusions are drawn:

• In all three systems the Performance Measure that digressed most from the modeled value is
Functionality.  This may be attributed to the fact that the factors that most affect this measure are



Technology, Complexity and State-of-the-Art.  If we examine these factors closely, one major
contributing factor could be the lack of prototyping.   In evaluating the responses from the
technical personnel involved with the testing of these systems, this presumption was validated.

• In all three systems there is a common trend in the modeled versus the measured rankings.  The
exception is the Flexibility measure for System C.  This could be attributed to the fact that
System A and B were developed to be operational systems, the requirements were evolving and
hence they were modified when necessary to fit the capabilities.  When the System A or B could
not meet the requirements for Flexibility, the requirement was relaxed and the Systems were then
within specification. However, for System C, the prototype was built to demonstrate the
technology and the system developers had to identify and isolate the loss in Flexibility.  One
major source of the ‘In-Flexibility’ was the inability to make full use of the commercially
available interface device as advertised to enhance the capability of System C.  It is evident that
the lack of information is the major cause of the problem.  Since, in the absence of information,
the only recourse is benchmarking, the result is self-evident, and prototyping would have
reduced this risk.

• In two of the three systems there is a common trend in the modeled versus the measured rankings
for the Reliability & Maintainability measure.  The exception being the measures for System C.
The original System A failed to achieve a major functionality, and hence was deemed to be less
reliable.  However, System A was the earliest of the three systems developed, and hence had the
most amount of uncertainty in the technology.  The information was collected at different stages
in the design cycle for the three systems.  In the case of A, the information was collected in the
integration and test phase.   Whereas in the case of B, the information was gathered only when
the problems were fixed and as such the actual problems may already been resolved.  However,
in the case of C, the prototyping paradigm was used to a greater extent and hence the difference
in the Reliability & Maintainability ranking is very much lower.  The fact that the measured is
less than the modeled is because the test phase did not stress the system, but was used to
demonstrate the proof of concept.
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ABSTRACT

Very fast tree-structured vector quantization employs scalar quantization decisions at each level, but
chooses the dimension on which to quantize based on the coordinate direction of maximum variance.
Because the quantization is scalar, searches are no more complex than scalar quantization − providing
significant improvement in complexity over full-searched or even tree-structured vector quantization −
but the method preserves the shape and memory advantages of conventional vector quantization.
However, the space filling advantage of VQ is forfeited, since each Voronoi cell is a rectangular cuboid.

INTRODUCTION

Tree-structured vector quantization (TSVQ) is widely known and appreciated for its relatively fast
search properties [1]. Algorithms for efficiently training of tree-structured codebooks are investigated in
[2, 3]. In this paper, we examine empirically the performance of a method of suboptimal TSVQ that has
search complexity lower even than TSVQ, by a factor that is the dimension of the codevector. The
quantization complexity is comparable to scalar quantization at the same rate. For example, for binary
trees, the search complexity is one compare per output bit. As we demonstrate, this method provides
many of the advantages of traditional vector quantization [4, 5]: it takes advantage of both linear and
nonlinear correlation and shapes the quantizer according to the shape of the training data. However,
because all the the Voronoi regions are rectangular cuboids, it lacks the space-filling advantage of other
vector quantization techniques. While the quantization is suboptimal, there may be circumstances in
which the tradeoff in performance and low computational complexity favors this approach.

The concept of the tree-structured VQ described here stems from the classification and regression trees
described in [6], in which data are successively partitioned and thereupon treated independently. In [7], a
similar approach to forming the decision boundaries based on local splitting rules is presented, but the
analysis there is directed toward asymptotic quantization performance. However, in these sources,
performance on trained data sets and the very fast nature of the encoding algorithm are not described.



VERY FAST VECTOR QUANTIZATION

Conventional TSVQ consists of an l-level Q-ary tree, where Q = 2b, and b is the number of bits per
level. When full-depth quantization is performed on the tree, an equivalent codebook of N = 2lb vectors
is available, at a search cost of only O(lb) search operations per vector, in comparison to O(2lb) searches
for full-search vector quantization (FSVQ). TSVQ thus has considerable computational advantage in
comparison to FSVQ. However, extant codebook design algorithms for TSVQ lead to inferior distortion
performance of TSVQ compared to FSVQ. In conventional TSVQ, each of the lb comparisons in a full-
depth search is actually a vector comparison. For d-dimensional vectors, there are thus actually O(lbd)
operations necessary to search the tree. (If early abort vector comparisons are used, then the complexity
might be somewhat less on average.) Very-fast tree-structured vector quantization (VFTSVQ) is
accomplished by designing a codebook so that vector comparisons are not necessary, so the searching is
accomplished d times faster than for TSVQ: the computational complexity is the same as for scalar
quantization with the same number of bits. Just as TSVQ is faster but has more distortion than FSVQ, so
VFTSVQ is faster than TSVQ, but being suboptimal has more distortion.

Given the increase in distortion, it is worthwhile to ask what role VFTSVQ might play in modern data
compression systems. One potential area is in conjunction with transformbased compression on
processing-limited platforms. If a significant fraction of the processor’s cycles are employed in
computing transforms or in other pre-processing tasks, expensive quantization may not be an option. In
such a circumstance, VFTSVQ might provide some quantization performance not available using scalar
quantization, but without significant computational overhead.

In the remainder of this paper, we focus primarily on binary trees (b = 1). Extension to wider trees is
straightforward. In binary VFTSVQ, it is desired to determine a single quantization level so that under
scalar quantization − quantization with respect to a single coordinate element of a vector − the quantized
representation has minimum distortion. Let O = {x1,x2 ,… ,xT} be a set of T training vectors of d-
dimensional data, and let xi (j) be the jth element of xi .We define a scalar projection set in coordinate *
by

In VFTSVQ, this projected data set is used to determine a quantizer satisfying the Lloyd conditions [8],
yielding a quantizer                  , where J is the optimal (Lloyd) threshold designed for the data
are centroids of the regions defined by

Since the quantizer threshold J is designed with respect to the scalar data O*, the quantizer is as fast as
scalar quantization. And since the centroids are chosen with respect to the vector data the quantizer
offers the shape and memory advantages.

At each stage of the algorithm, we must determine which coordinate direction * to project onto and split.
To minimize the distortion, we will split the data set in the direction of maximum variance. We thus
choose

where var(q) computes the variance of the set argument.



The training algorithm operates recursively. Given a set of data, a centroid, splitting dimension and
threshold are selected. The data are partitioned according to the threshold and are then used to train the
next level of the tree, until the maximum desired tree level is reached. If any empty cell arises in this
training procedure it may be treated as follows. At each level, the boundaries of the decoding region are
saved. When a cell is empty, the geometric midpoint of the decoding region is selected as the centroid,
and if additional levels of the tree are needed, the cell is split in the direction of maximum cell width.

DEMONSTRATIONS OF TVTSVQ

In this section we provide several examples illustrating the performance of binary VFTSVQ.

Example 1 A large number of correlated 2-dimensional Gaussian data points were generated, and a
VFTSVQ tree was produced. Figure 1 shows the decision boundaries (the dashed lines) − demonstrating
both the splitting dimension and threshold − as well as the centroids of the regions produced (the xs) as
the number of levels in the tree increases from one to six. From this example we may observe that (1)
The large structure of the data is captured, so that (in this example) centroids tend to fall along the major
axis of the data; and (2) Centroids tend to cluster more in regions of high probability, being more dense
near the middle and sparser near the edge. Thus the shape property of VQ is retained. On the other hand,
the Voronoi regions are rectangular, so that this method does not exploit the potential shape advantage.

Figure 1:  VFTSVQ demonstration on correlated Gaussian data for one to six levels

Example 2 One of the frequently stated reasons for using VQ is to avoid putting centroids where there is
no data. In this example, we demonstrate that VFTSVQ can be successful at placing centroids where
there are representative data. Figure 2 shows 1000 points of two-dimensional data, where the data are
uniformly generated over (-2, 2), except for the inner square from (-1, 1) in each dimension. The figure
also shows the decision boundaries and centroids of a six-level binary VFTSVQ coder. While the



decision boundaries cross the empty region (as they must), the centroids are uniformly distributed
among the data points.

Figure 2:  VFTSVQ demonstration of data with gaps

Example 3 We now compare the performance of VFTSVQ with TSVQ and FSVQ on actual image data.
Codebooks of up to 8 bits/vector were developed on a large training set obtained by removing the mean
from several images and dividing them up into vectors. Vector sizes of 4 x 2, 4 x 4, 8 x 4 and 8 x 8 were
examined. Codebooks for the VFTSVQ, TSVQ, and FSVQ were separately generated and tested. The
performance is plotted as PSNR in dB vs. bits/pixel. With the image size M pixels by N pixels, let i be
an MN-dimensional vector representing entire the original image, and let T represent the coded image.
Then the PSNR is computed as

In each case, the rate is computed by assuming that 8 bits are used to send the mean of each coded
vector, so the number of bits per vector for an l-bit codebook is (8 + l), and the bits per pixel is (8 + l)
/(mn), where the vector dimension is m x n.

Figure 3 illustrates the PSNR for the woman image. (The final paper will demonstrate results for other
images as well, which don’t fit here.) As expected, the performance of FSVQ is superior to that of
TSVQ, which in turn is superior to that of VFTSVQ. On the other hand, the computational savings is
tremendous. For example, for an 8 x 8 FSVQ coded to eight bits, O(64 q 256) = O(16384) operations
must be performed for each each bits, while for TSVQ O(64 q 8) = O(512) operations must be
performed. VFTSVQ requires only O(8) operations.

A general observation about this comparison is that the lower the bit rate (for a given vector size) the
closer VFTSVQ is to TSVQ. This suggests that VFTSVQ might be best used in high compression
scenarios



Figure 3: Comparison of VFTSVQ, TSVQ, and FSVQ for the woman image

SUMMARY

We have described the training, encoding, and decoding algorithms for VFTSVQ, and provided
empirical evidence that the method provides space-filling and memory advantages of other forms of VQ.
However, the shape advantage is not provided. The penalty for using VFTSVQ is lowest for shallow
trees (low bit rates).
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ABSTRACT

This article presents a measurement system based on the RS-485 interface. The presented system is
an alternative solution for distributed measurement systems, which cannot be built using IEEE-488
interface due to distance limitation between elements of the system. The RS-485 interface is a base
for communication between measurement instruments and uses a Master-Slave protocol to exchange
data between them. One dedicated master device, usually a PC, controls all slave devices connected
to the interface. To control measurement devices SCPI language is used. This solution simplifies
communication between measurement devices and allows utilizing the HP-VEE environment to
control any SCPI devices connected to the RS-485 network.

KEY WORDS

RS-485 Interface, Bus Networks, SCPI Language, IEEE-488 Interface, HP-VEE Environment,
ModBUS Protocol.

INTRODUCTION

Many measurement systems are based on the IEEE-488 interface. These kinds of systems are
expensive but easy to use because most of the measurement instruments have built in IEEE-488
interface or are prepared to install the IEEE-488 bus card. The main disadvantage of these systems is
that the distance between elements working on the IEEE-488 bus is highly restricted. Many
measurement systems are distributed systems, which means that the distance between instruments
and other elements of the system e.g. sensors are usually too big to involve IEEE-488 based systems.
This problem can be solved using special techniques, which are unfortunately very complicated.
Another disadvantage of the IEEE-488 based systems is the necessity to equip each element of the
IEEE-488 system with an IEEE-488 card, which is hard to accomplish in case of small sensors.
One of the solutions is to build a system, which has features of a homogenous system and
functionality comparable with the IEEE-488 based measurement systems.
As an alternative solution for measurement systems, the system based on the RS-485 interface with
bus network architecture can be proposed. The RS-485 interface allows for connecting up to 32



devices according to a multi-point structure of the physical layer. Number of connected devices can
be extended using repeaters. Communication between network elements is maintained using the
ModBus protocol. One of the devices has to be a "Master" device and the rest of them, are "Slaves".
The Master device is usually a PC or any other device, which controls data exchange in the whole
system. Slave devices are measurement instruments or sensors. The ModBus protocol is used to pass
the SCPI (Standard Command for Programmable Instruments) commands from a Master device to
the addressed Slave device. Each device working in the system has to have an RS-232 interface and
should be capable of interpreting the SCPI commands.
Main element of the proposed system is a communication device, which serves as an interface
between measurement devices, comprising of the SCPI based measurement system. The
communication devices create the RS-485 based transmission medium controlled by the ModBus
protocol.
The HP-VEE environment (Hewlett-Packard Visual Engineering Environment) is designed for
building applications using IEEE-488 or RS-232 interface, to communicate with measurement
instruments. The HP-VEE application sends and receives SCPI commands to/from external devices
via three kinds of objects: Direct I/O, Component Driver and Instrument Panel. The Instrument
Panel and Component Driver need a special driver, which describes the communication with an
external device on the level of SCPI commands exchange. Direct I/O objects can send any string to
the external device.

RS-485 BASED BUS NETWORK

The RS-485 [1] interface allows building simple bus networks, which can be controlled by a
master-slave protocol. A master-slave protocol is a deterministic protocol in which one device,
master device, has special functions used to control an access to the common transmission medium.
All other devices, slave devices, wait for permission to send data using the common transmission
medium. A data exchange is carried only between the master device and one selected slave device.
The selection is usually done on the basis of an address, which has to be unique for all devices
connected to a network.
The RS-485 interface, introduced in 1983, defines differential transmitters and receivers dedicated
for symmetric channels. Utilization of symmetric channel eliminates disadvantages encountered in
asymmetric transmission channels, wherein due to very low disturbance resistance, the transmission
speed and the length of the transmission medium are highly restricted. Three-state transmitters
defined by the RS-485 standard are designed for multi-point systems. The typical RS-485 transceiver
is shown in Figure 1.

Figure 1 The RS-485 transceiver



The access to the common transmission medium is controlled by a master device according to the
ModBus protocol [1] designed by Modicon. The ModBus protocol is a standard protocol often used
in industrial networks and not only in industrial control systems.
The ModBus protocol gives a simple method for medium access but also performs frame error
detection, commands confirmation and error reporting. Two groups of devices are controlled by the
ModBus protocol. The first group consists of only the master device, which acts as the controller of
the common transmission medium. This device decides which device from the second group (slaves)
can transmit data. The process of the data exchange that is performed between the master and a
dedicated slave device is called transaction. To make possible transaction with chosen slave device,
each slave device has to have a unique address. Each transaction comprises of two frames: a query
frame sent by the master device and a response frame sent by a slave device. Only the addressed
slave device has to response for a query frame. The structure of a query and a response frame is the
same and is as shown in Figure 2.

Figure 2 A query and a response frames in ModBus protocol

ModBus protocol defines two forms of frames, ASCII frames and RTU frames. The difference
between them is in the representation of the frame fields. In the ASCII mode, two ASCII characters
represent each field of a query and a response frame. The RTU mode uses a binary coding for each
element of the ModBus frames. Additional difference is in the control sum and in the way that is
used to distinguish the beginning and the end of frames. In the discussed system the ASCII mode of
ModBus frames was chosen.

Figure 3 The ASCII frame

In the ASCII mode two ASCII characters represent each element of a frame. The acceptable
characters belong to a set comprising of '0'-9' and 'A'-'Z'. The address filed consists of the address,
which can point to any device from '00' to 'F7' (0-247). The address '00' however has a special
meaning. It is used as a broadcast address to pass one request frame to all slave devices at the same
time. The command field is filled with a code of the command, which is to be executed by the



addressed slave device. In some applications the command field can also confirm proper execution
of the command. In this case the most significant bit indicates error if is set to '1', or successful
execution of the command when the bit is set to '0'. The next element of the frame is used to send
data. In the case the command does not require any data to be sent or received, data field is omitted.
The last element of the frame is the control sum, which preserves the contents of the frame. In the
ASCII mode the control sum is created as a LRC (Longitudinal Redundancy Check) sum and is
appended to the frame as two ASCII characters. The LRC sum is the two's complement of sum of all
characters comprising the frame. A receiving device calculates it's own LRC sum of received frame,
and then compares it with the received sum. If the sums are the same, frame was received properly,
if the sums are different then the frame has to be rejected. When an error occurs, the transaction
contains only a query frame since a response frame will not be sent by any slave device due to
rejection of the erroneous frame. In this case the master device has to wait only for a certain time
called time-out. The time-out parameter sets the maximum time in which a response frame can be
sent to the master device. If during this time a frame is not received, the master device can initialize
next transaction. Usually the master device repeats the query frame two or more times.
The presented frame shown in Figure 3 is transmitted with beginning and end delimiters. To
distinguish the beginning of transmission a frame ':' character (ASCII 3A) is placed before the
address field so that, when any device receives ':' character it is expected that next received character
will be the first character of the address field. To indicate that frame end, the <CR><LF> (ASCII 0D
0A) characters are put after the LRC sum.
In the given network, the master device, which control data exchange on the bus, is an IBM PC,
while the slave devices are measurement devices. The structure of the RS-485 based measurement
network is shown in Figure 4.

Figure 4 The RS-485 bus network with SCPI compatible devices



Each device presented in Figure 4 has to cooperate with a special device which converts the signals
between the RS-232 and RS-485 interfaces. The RS-232/RS-485 device allows devices with RS-232
interface to have access to the RS-485 bus. The role of the converter is not only translation of the
electrical signal between RS-232 and RS-485 interfaces but also control of the access to the RS-485
bus and interpretation of ModBus frames. The RS-232/RS-485 device is a communication device
with ModBus protocol implemented in it.

RS-232/RS-485 COMMUNICATION DEVICE

The RS-232/RS-485 communication device is based on the MCS-51 micro-controller. The
communication device [3] is equipped in external I/O bus to which an additional module with
RS-232 interface is connected. The RS-485 interface is built using internal serial port of the 80C51
micro-controller. Communication between RS-232 and RS-485 interfaces is controlled by program
placed in EPROM memory. The program traces all query frames, which appear on the RS-485 bus
looking for the frame with matching address. Each frame is stored into external RAM memory, due
to insufficient space in the internal RAM memory of the 80C51 micro-controller. In the shown
system maximum frame size was set to 1024 bytes, which is enough for communication with many
measurement instruments. To protect devices connected to the common transmission medium,
optical isolation is applied at the side of RS-485 interface. The block diagram of the communication
device is shown in Figure 5.

Figure 5 The RS-232/RS-485 communication device

In Figure 5, the device is connected from one side to the RS-485 bus and from the other side to the
RS-232 interface of a measurement device or a controller.



COMMUNICATION WITH MEASUREMNT INSTRUMENTS

The RS-232 interface is a standard interface of many measurement instruments and is used for
remote controlling of the instrument by SCPI commands. The connection between a controller,
usually IBM PC, can be realized using three-wire connection or using full modem connection. First
option imposes a restriction on data flow control, which can be applied during communication
through the RS-232 interface. In this case only XON/XOFF method of data flow control can be
applied. To use hardware flow control method additional lines have to be utilized. Usually DTR and
DSR lines are used to signal overflow of internal buffers during receiving data.
The SCPI language introduced in 1990 defines programming environment and language used to
control measurement devices. The SCPI language describes structure, syntax and commands for
communication between a controller and a device in automatic measurement system. The main role
of the SCPI language is to determine the form of messages sent by a controller and the form of
responses sent back by a measurement device. The SCPI language defines a set of common
commands, which have to be implemented in every SPCI compatible devices.
Commands defined by the SCPI standard can be divided into two main groups: commands, which do
not require response and commands which do required response from the measurement device.
Because the ModBus transaction requires response from selected slave device, the communication
device has to prepare response frame regardless of the type of realized command. To ensure proper
execution of an SCPI command an additional SCPI command with query about status is sent. The
SPCI commands and the responses are ASCII strings ending with <LF> or <CR><LF>.
To simplify and to facilitate uniform communication between elements of the system, the SCPI
language format was chosen for sending commands through the RS-485 bus. The ASCII string of an
SCPI command is placed into Data filed of a query frame. The RS-232/RS-485 communication
device has to pass the command to the measurement instrument through the RS-232 port.

FUNCTIONS OF THE RS-232/RS-485 COMMUNICATION DEVICE

The RS-232/RS-485 communication device functions as follows:

      - receives a ModBus frame from the RS-485 bus,
      - interprets the received frame,
      - executes received command,
      - communicates with a measurement instrument through RS-232 port,
      - prepares a response frame, and
      - transmits a response frame through RS-485 port.

Each communication device can execute two types of commands, remote commands and local
commands. The remote commands are dedicated for the device connected to the local RS-232 port.
Usually the remote command passes an ASCII string of an SCPI command to the measurement
device. The local commands are dedicated for the communication device and allow for direct
communication with the RS-232/RS-485 communication device. Table 1 presents algorithms used in
the communication devices.



Table 1 Algorithms used in the RS-232/RS-485 communication devices

The communication device connected
with a slave device

The communication device connected
with a master device

1 Initialize the RS-232 and RS-485 ports 1 Initialize the RS-232 and RS-485 ports
2 Wait for frame from the RS-485 bus 2 Wait for frame from the RS-232 port
3 Check LRC, if error detected ignore

the frame and go to the point 2
3 Prepare the query frame

4 If received command is a local
command execute it, prepare a
response frame and go to the point 7

4 Send the query frame

5 Send the SCPI command(s) through
the RS-232 port and wait for response

5 Wait for the response frame

6 Prepare the response frame 6 Check LRC, if error detected ignore the
frame and go to the point 2

7 Send prepared frame through the
RS-485 port

7 Send content of Data field through the
RS-232 port and go to the point 2

HP-VEE ENVIRONMENT

HP-VEE [2] environment is dedicated to create graphical applications for control and measurement
systems. The HP-VEE programming is based on the concept of object oriented programming. Each
element of the HP-VEE application is an object, which can have inputs, outputs and control
terminals. Using terminals, the objects can be connected together thus comprising of a data-flow
controlled application.
The HP-VEE environment uses three types of objects to communicate with measurement devices:

      - Direct I/O (communication using the hardware interface),
      - Component Driver (SCPI commands),
      - Instrument Panel (graphical representation of the instrument).

The communication between a HP-VEE application and a measurement instrument is shown in
Figure 6.

Figure 6 The communication between HP-VEE application and measurement instrument



The Component Driver and Instrument Panel objects need a special driver dedicated for particular
instrument. The driver hides the details associated with SCPI commands and with communication
with the instrument. The user does not have to know the SCPI language to use the Instrument Panel
object.  The Component Driver object gives separate commands realized by the instrument. These
two objects cannot be directly used in the described system due to lack of addressing, which is
necessary for communication in a multi-point system. The only solution is to adopt the driver [4] by
adding one function responsible for addressing. Using Direct I/O functions any ASCII string can be
sent through the hardware port. In this case each SCPI command has to be prepared separately and
can contain an address needed for the RS-485 bus.

MEASUREMENT SYSTEM

Measurement system built using described system is shown in Figure 7.  The system consists of:

      - HP 34401A multimeter,
      - HP 33120A  generator,
      - HP 54600 oscilloscope,
      - IBM PC as a controller.

Figure 7 The Measurement system based on the RS-485 bus

Presented system is controlled by HP-VEE application, which allows for:

      - setting the parameters of the signal generated by HP 33120A ,
- setting the parameters of the signal measured by the multimeter,
- controlling of the oscilloscope.



CONCLUSIONS

Many measurement instruments have a built in serial interface in accordance with the RS-232C
standard and the interpreter of the SCPI language. These features provide a possibility of remote control
of instruments but only in point to point systems. A design of the measurement system expects a
multi-point transmission medium and each of the instruments working in that system must be connected
to the transmission medium through an extra device (converter). The converter enables communication
between the local RS-232C interface of the measurement instrument and the multi-point RS-485
medium. The bus measurement system, shown on the Figure 4, works under the control of the ModBus
protocol that uses a master-slave bus access method. A master device is a personal computer and it
controls a bus access, whereas the slave devices (measurement instruments) can only respond on the
remote questions of the master device. Designed bus measurement system is shown on the Figure 8
consists of three measurement instruments and a PC, which works as a master device.
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ABSTRACT

A traditional Front-end Processor (FEP) with local RAID storage can limit the operational throughput of
a high-rate telemetry ground station. The Front-end processor must perform pass processing (frame
synchronization, decoding, routing, and storage), post-pass processing (level-zero processing), and tape
archiving. A typical fifteen minute high-rate satellite pass can produce data files of 10 to 20 GB. The
FEP may require up to 2 hours to perform the post-pass processing and tape archiving functions for
these size files. During this time, it is not available to support real-time pass operations. Honeywell
faced this problem in the design of the data management system for the DataLynx ∗  ground stations.

Avtec Systems, Inc. and Honeywell worked together to develop a data management system that utilizes
a Storage Area Network (SAN) in conjunction with multiple High-speed Front-end Processors (HSFEP)
for Pass Processing (PFEP), multiple HSFEPs for Post-pass Processing (PPFEP), and a dedicated Tape
Archive server. A SAN consists of a high-capacity, high-bandwidth shared RAID that is connected to
multiple nodes using 1 Gbps Fibre Channel interfaces. All of the HSFEPs as well as the Tape Archive
server have direct access to the shared RAID via a Fibre Channel network. The SAN supports
simultaneous read/write transfers between the nodes at aggregate rates up to 120 Mbytes/sec.

With the Storage Area Network approach, the High-Speed Front-end Processors can quickly transfer the
data captured during a pass to the shared RAID for post-processing and tape archiving so that they are
available to support another satellite pass. This paper will discuss the architecture of the Storage Area
Network and how it optimizes ground station data management in a high-rate environment.
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INTRODUCTION TO FIBRE CHANNEL

What is Fibre Channel?

Simply, Fibre Channel is a bidirectional, point-to-point serial data channel between devices. It is a high-
performance connection standard that can be used for sharing information between multiple devices
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including workstations, servers, storage subsystems, and peripherals. Fibre Channel is capable of
transmitting data at rates up to 2 Gbps, making it exceedingly faster than existing networks and
interfaces such as Ethernet and SCSI. Fibre Channel operates over copper or fibre optic cable at
distances up to 10 km. It is an extremely reliable, high performance solution for applications that require
high rate data transfer and storage such as audio/video networks, network based storage, and data
warehouses.

The Fibre Channel interface combines the best attributes of both networks and SCSI-based channels
onto one physical medium using one physical transport protocol through common hardware. Fibre
Channel combines the connectivity, distance, and protocol multiplexing of networks with the simplicity,
performance, and guaranteed delivery of a channel using both SCSI (Small Computer Systems Interface)
and IP (Internet Protocol) protocols.

Fibre Channel frames can be of variable length, and the protocol itself provides support for security
functions, extended addressing, configuration management, and error recovery. Fibre Channel has the
ability to transport other protocols such as ATM, TCP/IP, FDDI, HiPPI, and SCSI.

Why Fibre Channel?

Fibre Channel vs. SCSI :  Fibre Channel overcomes many of the limitations of SCSI. SCSI is a bus
architecture where peripherals, such as disks, are attached to a single host computer via a point-to-point
or daisy-chain connection. Fibre Channel allows multiple host-to-storage device connections. Devices
are not limited to simple peripherals attached to one host, but can include workstations, storage devices,
and other independent clients.

Standard SCSI cable length is limited to about 25 meters. This limitation drops even further to 12 meters
with LVD (Low Voltage Differential) SCSI. Compare this to the 10 km allowed by Fibre Channel.
Additionally, SCSI is limited to 16 devices per host adapter (including the adapter), while Fibre Channel
can link millions of devices.

The Fibre Channel Protocol (FCP) also removes most of the overhead found in SCSI. Fibre Channel
merely takes the best part of SCSI - the SCSI command set - and links this to a high-speed interface.

Another advantage that Fibre Channel has over SCSI is that you can expand Fibre Channel by adding
additional links without shutting down servers. In contrast, live upgrades on SCSI are dangerous and
could damage equipment or result in loss of data. This feature is useful in applications where storage
needs can expand exponentially overnight.

Fibre Channel also supports several fault-tolerance features that are not supported by SCSI. Many Fibre
Channel devices have dual ports. Using both ports in a dual-loop configuration provides a redundant
path to and from the device. Combining this dual-loop capability with dual-ported devices provides an
I/O subsystem with complete redundancy and no single-point-of-failure.

Fibre Channel vs. Networks:  Many of the restrictions that apply to networks do not apply to Fibre
Channel. Fibre Channel is not limited to a specific frame size, encoding methods, clock speeds, data
encapsulation, and header formats. Fibre Channel merely moves data from one point to another - it is
designed to be a transport service that is independent of protocol. Fibre Channel provides one standard
for networking, storage and data transfer.



Where Ethernet assumes data packets may never arrive and thus tries to conserve bandwidth, Fibre
Channel assumes that a reliable channel is available. As such, it uses larger packets and has less packet
overhead than Ethernet. Fibre Channel also puts the protocol processing in hardware rather than
software.

Fibre Channel allows point-to-point connections between devices, providing full bandwidth to each
connection. Circuit-based switching is used to create multiple connections. This eliminates the
congestion problems that are typical of networks. Since transmission and control are isolated, Fibre
Channel can be implemented with a mixture of topologies.

Fibre Channel also has throughput on the order of 100 MB/s. 200 MB/s can be achieved using two Fibre
Channel Host-Bus Adapters (HBA). Additional HBAs can be added to increase bandwidth further. In
comparison, a 100BaseT switched Ethernet network (100 Mbps Fast Ethernet) delivers a sustained data
transfer rate between two ftp clients on the order of 2 to 3 MB/s, assuming there are no other users
attempting to utilize the network at the same time.

Topologies

Fibre Channel Fabric:  The Fabric is a switching mechanism that provides routing between each Fibre
Channel device. It provides the highest performance, the highest level of connectivity, and the highest
level of redundancy available with Fibre Channel. The Fabric Switch uses a distributed and non-
blocking switching architecture.

Pairs of fibre are used to connect the transmitter and receiver ports of each node to the Fabric (see
Figure 1). The Fabric Switch is an active and intelligent interconnection mechanism. The Fabric
establishes temporary, dedicated, and full-bandwidth (100+ MB/s) connections between nodes using
unique address identifiers. Connections can be made at distances up to 10 km.

As more nodes are added to the Fabric, more paths can be created through parallelism. Fibre Channel
allows up to 16 million nodes on a single Fabric.

Fibre Channel Arbitrated Loop (FC-AL):  The FC-AL topology is a shared-bandwidth, distributed
topology which does not require the use of a Fabric. It is arbitrated similar to a Token-Ring network.
Nodes are daisy-chained together, transmitter-to-receiver, and arbitration is used to establish
connections between devices. Once a connection is established between two devices in a loop, the entire
loop and all its bandwidth belong to those two devices for the duration of the transfer. Figure 2 shows
how a FC-AL can be used to configure a high-speed local RAID subsystem for a server.

FC-AL is limited to connect up to 126 devices within a localized area. However, a loop can be attached
to a Fabric to provide expendability and connectivity to other devices.



Figure 1 - Fibre Channel Fabric

Figure 2 - Fibre Channel Arbitrated Loop (FC-AL)



INTRODUCTION TO THE STORAGE AREA NETWORK (SAN)

What is a Storage Area Network?

A Storage Area Network (SAN) is a high-speed subnet that establishes a direct connection between
heterogeneous storage resources and servers. One can think of a SAN as an extended and shared storage
bus. SANs liberate storage devices, so they are not on any one particular server bus, and attaches them
directly on the network via network processors.

The result is a SAN architecture that makes all storage devices accessible to all servers within the
network. This sharing of components is an alternative to expensive investments in additional equipment
and eliminates the bottleneck between the server and storage, while increasing efficiencies and allowing
more megabytes into the pipe.

The SAN operates on a dedicated network independently of the Local Area Network (LAN). This
reduces LAN overhead and eliminates LAN traffic, thus improving overall enterprise network
performance.

A SAN is:

• The way to get gigabit speed, highly reliable, managed server-to-storage connectivity.
• The way to build an easily scalable, multi-terabyte storage network - never before possible.
• The way to deploy high availability server clusters and free up your LAN from lengthy backup

tasks by moving it onto the SAN.

A SAN consists of three main components. The first is the Interface, which includes Fibre Channel and
SCSI. SANs are not restricted to a Fibre Channel interface; they can be built around SCSI as well. Fibre
Channel tends to be the Interface of choice for SANs due to its flexibility, high throughput, and its built-
in fault tolerance.

The second is the Interconnects, which are the switches, gateways, or routers. This set of hardware is
generally responsible for linking together the data storage peripherals, such as RAID systems, tape
backup units, and servers.

The third is the Protocol, such as IP or SCSI, which controls traffic between the various nodes.

Volume Sharing vs. File Sharing:  One problem arises when building a SAN, and that is sharing
information across different platforms and Operating Systems. Additionally, operating systems were not
designed to work in an environment where all devices have complete and unrestricted access to common
storage.

The first solution to this problem was the development of third-party add-on software that provided
volume-oriented sharing. Each volume on a SAN would only allow a single writer at a time, blocking
access to the volume from other writers. This involved executing a separate application that changed the
ownership of the volume as access was needed. This is not true sharing.

True sharing (file sharing) involves platform interoperability (UNIX and Windows NT machines sharing
the same data), multiple systems performing simultaneous reads and writes to a share (volume, folder, or
file), and file-level and byte-level locking of data to provide protection and synchronized access to data.



Every vendor platform has it’s own file system - IBM uses its JFS (Journal File System); Sun supports
UFS or Veritas; Windows NT uses NTFS. None of these are compatible with each other.

This new file sharing software is an extension of the operating system. It redirects file I/O operations
over the SAN and directly to shared storage devices. This software is basically a distributed SAN
operating system that coordinates file sharing across multiple systems, without requiring a file server.
These “SAN O/S’s” allow multiple Windows NT, Macintosh, UNIX, and other systems to dynamically
share files and data.

This is accomplished by storing data in a common file format known only to the file system emulator
(SAN O/S). Unique and separate files are used to store all file information in such a way that each client
sees a disk volume that is written in its native file format.

There are two main benefits to this method:

1) Data is completely centralized and shared across heterogeneous hosts, and
2) Constraint of being locked into a single vendor’s file system and/or architecture is removed.

APPLICATION OF A FIBRE CHANNEL SAN

Problem :  A traditional Front-end Processor (FEP) with local RAID storage can limit the operational
throughput of a high-rate telemetry ground station. The FEP is required to perform pass processing
(frame synchronization, decoding, routing, and storage), post-pass processing (level-zero processing),
and archiving. A typical 15 minute high-rate satellite pass can produce data files of 10 to 20 GB. Post-
pass processing and archiving for these data files can take up to 2 hours considerably longer than the
pass itself. During this time, the FEP is unavailable to support real-time satellite passes.

Solution:  Avtec Systems, Inc. and Honeywell worked together to develop a data management system
that utilizes a Storage Area Network in conjunction with multiple High-speed Front-end Processors
(HSFEP) for Pass Processing (PFEP), multiple HSFEPs for Post-pass Processing (PPFEP), and a
dedicated tape archive server.

Implementation:  Avtec developed a high-performance Storage Area Network for the DataLynx Data
Management Subassembly. The Storage Area Network architecture is shown below in Figure 3. As
shown in the diagram, there are three HSFEPs assigned to receiving high-rate satellite passes (PFEPs)
and three HSFEPs assigned to processing data (PPFEPs).

Each Front-end Processor is configured with a local Fibre Channel RAID using a Fibre Channel
Arbitrated Loop (FC-AL) between the drives and the server (see Figure 2). The FEPs are then
connected to the Disk Storage Assembly via a Fibre Channel Fabric.

The PFEPs are communicating directly with the satellite downlink. As a pass occurs, a PFEP is used to
frame synchronize the data, perform decoding and error correction, and archive the corrected frame data
to a local RAID. The local RAID storage is typically on the order of several hundred gigabytes.

Once the local RAID for a specific PFEP is near capacity, a second PFEP takes over in receiving the
data from the downlink. A process is then executed on the first PFEP where all the contents of the local
RAID are transferred to the SAN via Fibre Channel.



Figure 3 - Storage Area Network Block Diagram

The data archived by the PFEPs to the SAN is then available for post-processing by the PPFEPs. This
can include data filtering and parameter extraction for TDM/PCM data. For CCSDS data, this can
include virtual channel filtering, packet extraction and reconstruction, and level-zero processing. The
raw data and the processed data are then transferred from the Disk Storage Assembly to the Tape
Library for long term archives The primary benefit of the SAN-based data management systems is that
the PFEPs are available to support another satellite pass immediately after the data from the previous
pass is transferred to the Disk Storage Assembly. This increases the throughput for the entire ground
station so that more satellites can be supported with fewer resources.

These processes can occur simultaneously at high rates. The SAN configuration designed for this
application supports simultaneous read/write transfers between multiple nodes at rates up to 120 MB/s
(over 20 MB/sec per node). These transfer rates are not attainable with traditional server attached
storage systems.

Conclusions

A Storage Area Network based Data Management System can maximize the data throughput of a high-
rate telemetry ground station. The Storage Area Network provides a high bandwidth, reliable connection
between multiple data acquisition systems, data processing systems, shared storage, and tape library.
The SAN also provides true file sharing between different platforms and operating systems. With the
Storage Area Network approach, the High-speed Front-end Processors can quickly transfer the data
captured during a pass to the shared storage for post-processing and archiving so that they are
immediately available to support another satellite pass. This increases the throughput for the entire
ground station so that more satellites can be supported with fewer resources.



FOUNDATION INITIATIVE 2010:
THE FOUNDATION FOR RANGE INTEROPERABILITY

George J. Rumford
U.S. Army White Sands Missile Range

george.rumford@osd.mil

Minh Vuong
U.S. Army Simulation, Training, and Instrumentation Command

minh_vuong@stricom.army.mil

Stephen T. Bachinsky
Science Applications International Corporation

stephen.t.bachinsky@saic.com

Dr. Edward T. Powell
Science Applications International Corporation

edward.powell@saic.com

ABSTRACT

Foundation Initiative 2010 (FI 2010) is a joint interoperability initiative of the Director, Operational
Test and Evaluation.  The vision of FI 2010 is to enable interoperability among ranges, facilities, and
simulations in a timely and cost-efficient manner and to foster reuse of range assets and future range
system developments.   To achieve this vision, FI 2010 is developing and validating a common archi-
tecture with a common range object model, a core set of tools, inter-range communication capabili-
ties, interfaces to existing range assets, interfaces to weapon systems, and recommended procedures
for conducting synthetic test events and training exercises.  During FY 01, the project is developing
the second Test and Training ENabling Architecture (TENA) Middleware Prototype as a basis for
range communication.  FI 2010 will advance a simulation-based acquisition or a ‘distributed engi-
neering plant’ methodology to streamline weapon system acquisition.  Benefits from the FI 2010
products include cost effective replacement of customized data links, enhanced exchange of mission
data, organic TENA-compliant capabilities at test sites to be leveraged for future test events, and in-
strumentation system reuse.  Through FI 2010, future inter-range operations, instrumentation devel-
opment, and range capability sustainment will cost less and incur less risk.

KEY WORDS

Interoperability, Reuse, Architecture, Instrumentation, Ranges, Test and Evaluation, TENA, SBA,
JDEP



INTRODUCTION

Over the coming decades the demands on the U.S. Military will be transformed by the evolution of
America’s security and economic interests coupled with the continuing revolution in information
technologies.  Joint Vision 2020 (JV 2020), an evolutionary enhancement to the original Joint Vision
2010, provides a roadmap for, over the coming decades, “creation of a force that is dominant across
the full spectrum of military operations — persuasive in peace, decisive in war, pre-eminent in any
form of conflict.” [1]

As the demands on the military are being transformed by information technologies so are its acquisi-
tion processes.  Simulation Based Acquisition (SBA) has the goal of substantially reducing the time,
resources, and risk associated with acquisition, while producing higher quality products through
adoption of a “model-simulate-fix-test-iterate approach” to acquisition.

These transformations coalesce directly within the Test and Evaluation (T&E) community.  Test and
training ranges must support implementation of the JV 2020 vision through joint testing, must serve
as an enabler for SBA, must foster integration of testing and training, and must do so in a way that
minimizes future costs of range operations.  To accomplish these goals, ranges must become more
integrated and interoperable, allowing range assets to be procured and used efficiently, to be reused
effectively and to be combined to create the scale and scope of capabilities required to meet the chal-
lenges of implementing JV 2020.  The Foundation Initiative 2010 (FI 2010) project is the range
community’s mechanism for creating the infrastructure needed to meet these challenges.

PROJECT DESCRIPTION

The FI 2010 solution includes a suite of products that will enable affordable interoperability between
test ranges and facilities as a means of sharing resources and data, thus enhancing the capabilities of
the integrated test ranges and facilities; and provide a common architecture that will enable improve-
ments and modernization efforts made by one range to be incorporated by all cooperating ranges.
The FI 2010 project is developing and validating a common architecture with a common object
model, a core set of tools, inter-range communication capabilities, interfaces to existing range assets,
and interfaces to weapon systems, along with recommended procedures for conducting synthetic /
multi-range test events or training exercises.

FI 2010 Common Architecture.  The FI 2010 common architecture, referred to as the Test and
Training Enabling Architecture (TENA) (see Figure 1, below), while compatible with the Department
of Defense (DoD) High Level Architecture (HLA) for Modeling and Simulation, addresses test re-
quirements beyond those supported by HLA and drastically improves the ability of ranges to interact
with simulations.  The FI 2010 project is coordinating with the Range Commanders Council (RCC)
so that TENA objects, standards, and protocols are reviewed and adopted by the range community as
a whole.  The TENA architecture enhances software interoperability and reuse throughout the Range
Community by giving guidance on how to design range software applications such that they can easily
interact with other TENA applications to support a range event.  The architecture also specifies a
common TENA Object Model, akin to a common set of interface definitions, which enables this
interoperability through a community-wide understanding of range-related information.  The primary



benefit of the TENA architecture is the ability it gives exercise planners to rapidly compose TENA-
compliant range capabilities into a geographically distributed “Logical Range” (sometimes also called
a virtual range) for a specific test mission or training exercise.

TENA applications (also called “TENA Resources”), tools, repositories, and gateways use the
TENA Middleware as their means of communication.  A copy of the TENA Middleware software is
linked into every TENA application and is the mechanism for all execution-time communication be-
tween TENA applications.
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Figure 1: The TENA Architectural Construct

The FI 2010 Tools are a suite of software applications to assist range engineers in planning, config-
uring, controlling, and analyzing geographically-distributed, simulation-enhanced range missions.
These tools will enhance the productivity of the range engineer so that planning and reconfiguring
large-scale synthetic exercises can be accomplished much faster and with higher reliability.

TENA inter-range communication capabilities will function over both organic DoD wide-area net-
works and commercial communication services, using the necessary end equipment and encryption
devices required for transferring large quantities of data between geographically dispersed locations
in a TENA-compliant exercise.

The FI 2010 project is developing the software infrastructure necessary for existing range resources
to become TENA-compliant.  The common infrastructure will cost-effectively enable current range
tools to be adapted to this common architecture, rather than require that replacement systems be de-
veloped.  Allowing weapon systems under test to be stimulated with a simulation, the FI 2010 proj-
ect is also defining TENA interfaces for tactical systems, such as C4I systems.  Finally, the FI 2010
project is documenting recommended procedures for test missions involving simulations or across
multiple ranges as well as methods for making new instrumentation systems compliant with the
common architecture.



Development Strategy.  To ensure that the TENA architecture satisfies the DoD ranges’ needs, it is
being developed with significant involvement from the major DoD ranges.  Development Test Cells
(DTCs) have been established at representative ranges to provide early insight to TENA performance
so that the ranges can, in turn, give essential, detailed feedback on operational issues.  Furthermore,
system engineers from across the range community participate in the Common Test and Training
Range Architecture (CTTRA) workshops to give recommendations to the TENA managers, archi-
tects, and developers.  TENA is being defined and developed in three stages, each resulting in the
creation of a significant software prototype.  During FYs 99 and 00, the project developed and tested
the first TENA Middleware prototype that both updated and validated a subset of the TENA Techni-
cal Reference Architecture.  This software prototype was tested at six test centers across the three
Services.  During FY 01, the FI 2010 project is developing the second TENA Middleware prototype
(codenamed IKE 2) with expanded functionality.  Using a rapid prototyping approach, the
development spirals of IKE 2 will allow test engineers at DoD ranges to quickly evaluate and refine
the architecture, software design, and common object model.  A third middleware prototype is
planned for the FY 03 timeframe with the goals of optimizing performance, broadening platform
support, expanding the common object model, increasing the complexity of logical ranges being
tested, and enhancing support for the integration of legacy systems.  The FI 2010 project is also cur-
rently reviewing several commercial-off-the-shelf (COTS) software applications to serve as FI 2010
tools.  The project is on track and scheduled for completion by the fourth quarter of 2004, with the
ultimate goal to have TENA adopted as an RCC standard.

IKE 2 TECHNICAL OBJECTIVES

The essential problem addressed by the creation of the second TENA Middleware prototype (IKE 2)
is interoperability between and among range information processing systems leading to tighter inte-
gration, more software reuse, increased connectivity, and a better ability to create larger, more real-
istic, and functional logical ranges.  The middleware will facilitate reuse through composable or
modular solutions to range problems, accomplished primarily by providing a standards-based object-
oriented Application Program Interface (API) for range software development.

The IKE 2 middleware will support full integration of dynamic range data through a combination of
object-based and message-based data distribution mechanisms that are applicable across run-time,
management, planning, and analysis applications.  The approach will support high-performance, run-
time data transfer via a real-time data distribution system derived from the Common Object Refer-
ence Broker Architecture (CORBA).  The IKE 2 approach facilitates legacy integration through in-
clusion of “Gateway Applications” that bridge TENA and legacy protocols.

IKE 2 TECHNICAL APPROACH

The IKE 2 design draws heavily on object technology, employing object-oriented frameworks to
provide flexibility, extensibility, and modularity to allow TENA developers to tailor the infrastructure
to meet their particular needs.



System Design Philosophy.  The IKE 2 middleware is designed to be as flexible as possible for use
by the range software developer, with support for multiple programming languages and configura-
tions, and with some IKE 2 modules capable of being tailored to meet a specific range event’s unique
requirements.  The TENA vision calls for the IKE 2 middleware be designed to embrace change,
promote flexibility, and manage complexity so that the range community can work together to build
interoperable and reusable systems in as efficient and cost-effective a solution as possible.  The goal
is for the IKE 2 design to be robust enough for the most demanding applications and general purpose
enough to meet the requirements of future range event configurations.

The use of object-oriented frameworks provides the technical capability to create a middleware that
is both generic (applicable to any event) and tailorable (customizable to meet the special needs of any
particular event) within a single software architecture and using the same interfaces.  An object-
oriented framework is a set of classes, designed to work together, that embodies an abstract design
for solutions to a family of related problems.  In the case of IKE 2, the family of related problems is
the interoperability, reuse, and object distribution problems addressed by TENA.  Developers spe-
cialize framework classes to solve a specific problem.  Frameworks add structure to these technical
solutions, and it is this structure that enhances flexibility and adaptability.

The basic approach in designing IKE 2 is to create a design that is general enough to meet the needs
of the range community, interoperable enough to present a consistent API to all range systems, and
flexible enough to adapt to the distinct needs of a given test mission.

CRITICAL ARCHITECTURAL ELEMENTS

The IKE 2 prototype design is based on a number of key architectural elements, assumptions, and
technologies.  This section discusses these elements.

Object Model Interaction Mechanisms.  There are a number of object communication modes that
need to be supported by TENA (and the IKE 2 prototype) and incorporated into the TENA object
model.  The two primary modes are:

§ Stateful Distributed Objects.  This communication mechanism represents a distributed
object paradigm (such as the one used in CORBA) augmented to include dissemination and
local caching of object state information.  The distributed object aspect of this mechanism
allows an object’s methods to be accessed independently from where the actual server object
resides.  The client application manipulates a proxy object that “stands in” for the servant
object.  When the client application invokes a method on its proxy, the proxy invokes the
method on the servant object (wherever it is) and pulls any return information from the
servant and delivers it to the client.  If the client application merely wishes to access the ob-
ject’s state information, accessor methods immediately return the values of the appropriate
state variables that have been cached locally inside the proxy.  The combination of CORBA-
like location transparency with efficient state dissemination and caching is referred to as a
“Stateful Distributed Object” paradigm.
§ Event Channel Messaging and Data Streams.  This communication mode is similar to

more low-level message-based communication in that single messages and data streams can



be sent between applications based on their needs.  Support for data streams is intended to
provide TENA applications with native capability to efficiently send and receive audio,
video, and telemetry without incurring undue encapsulation and transmission overhead.

Pre-compiled Object Model.  An object model that is pre-compiled and linked into an application
yields many benefits, including increased efficiency, the ability to support strong type checking, and
the ability to efficiently handle complex object relationships.  Since run-time typing of the object
model can lead to difficult-to-find defects in the application — given that both type and value infor-
mation are supplied by the logical range integrator and are not checked for consistency by the com-
piler — compile-time definition and typing is chosen to provide increased reliability as well as in-
creased performance.

A mechanism is needed to enable a logical range integrator to create a compilable object model
without impacting IKE’s generality.  The IKE 2 solution to this problem is to use auto-code genera-
tion based on defining the object model in a variant of the CORBA Interface Definition Language
(IDL) called the TENA Definition Language (TDL).  A TDL compiler will compile the object model
for a given exercise or configuration into a programming language code such as C++ or Java.  The
compiler would auto-code-generate all the software necessary for the object model to be seamlessly
linked into the application.

Inter-Architecture Integration Mechanism.  TENA must have a mechanism to incorporate legacy
range systems so as to leverage the existing DoD test and training infrastructure.  Moreover, TENA
must be able to interface to weapon systems to properly inject (or stimulate) and extract (or collect)
data from the weapon systems under test.  Modular, specialized gateway applications allow logical
range integrators to build logical ranges with existing range resources and, more importantly, incor-
porate weapon systems into a logical range construct.  There is nothing inherent in the gateway ap-
plication concept to preclude the use of multiple gateways, or even federated gateways, in a given
exercise or event.

Performance.  The optimization of critical performance parameters is critical for certain test events.
Minimal latency and jitter, combined with maximal throughput, are the goals of IKE 2.  There are a
number of things that can be done to create an IKE 2 prototype that will minimize latency caused by
delivering data to, and receiving data from, the network.  Incorporating the object model at compile
time will yield significant gains, since the data that needs to be sent over the wire can be packaged
very efficiently using pre-compiled code rather than code that needs to interpret each attribute before
packaging.  In addition, a great deal of efficiency is gained using intelligent memory management that
minimizes data copying and context switching.

Security.  Security is important in TENA since only certain authenticated users and applications will
have the right to interact with certain objects.  The CORBA Security Service, defined in the CORBA
Services specification and implemented within the TAO Object Request Broker (ORB) (see below)
will be evaluated as the distributed object security mechanism used by TENA.  Since physical secu-
rity for the computers and networks will be maintained based on DISA standards (e.g., separate net-
works, bulk and/or packet/cell encryption devices), the CORBA Security Service will provide addi-
tional object-based security within a trusted enclave.  Thus a layered approach, starting with physical



security and network security then adding object security on top, will ensure that the final systems
and configurations meet the security needs of any given user community.

IKE 2 DESIGN

A high-level view of the IKE 2 design is shown in Figure 2, below.  Each box represents a package
that defines a segment of internal IKE functionality.  A brief description of each major package fol-
lows.
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Figure 1 — Layered conceptual view of the IKE 2 internal software packages.

Broadly speaking, there are four categories of packages in the design.  The first category consists of
those packages required for pre-exercise activities, primarily defining the TENA Object Model.  The
XML-based TDL representation gives users access to many COTS XML editors to use in designing
and documenting the TENA objects that will be used in a given event.  The TDL-based code gen-
erator generates the C++ and Java classes (both header files and implementations) that implement the
stateful distributed objects (SDOs), messages, and data streams used in the exercise, including all the
supporting and ancillary classes that make IKE 2 work with the SDOs.

The second category of packages consists of those external software items that exist at run-time but
are not linked with the user’s application.  The interface repository provides run-time access to the
TDL object definitions to any application that wishes to participate in a TENA logical range but de-
clines to compile the TENA object model directly into their application.  For these “introspective”



applications, the interface repository provides all the information they need to subscribe to SDOs,
interpret SDO state when it is delivered, and dynamically invoke methods on SDOs without knowing
their structure beforehand.  The Naming Service provides a mechanism for SDOs to be given well-
defined names in a logical range, allowing applications to find a particular SDO simply by knowing
its assigned name or ID number.

The third category of packages are those in the center of Figure 2, the ones that make up the bulk of
the IKE 2 software that is linked into every TENA application.  IKE 2 is based on a foundation pro-
vided by the Adaptive Communication Environment (ACE) and The ACE ORB (TAO).  ACE is a
freely available, open-source, object-oriented framework that implements many core design patterns
for concurrent communications.  ACE provides a rich set of reusable C++ wrapper facades and
framework components that perform common communication software tasks across a range of com-
puter platforms.  The communication software tasks provided by ACE include event demultiplexing
and event handler dispatching, signal handling, service initialization, inter-process communication,
shared memory management, message routing, dynamic (re)configuration of distributed services,
concurrent execution and synchronization.  TAO is a freely available, open-source, and standards-
compliant real-time implementation of CORBA (including many CORBA Services) that provides ef-
ficient, predictable, and scalable quality of service (QoS) end-to-end.

Basic low-level publish and subscribe functionality used by all communication mechanisms is pro-
vided by the Distributed Interest-based Message Exchange (DIME) framework.  DIME  provides for
the declaration of a subscriber’s interest and the consequent delivery to subscribers of only that in-
formation they wish to receive.

Important additional functionality is provided in the packages that make up the IKE 2 Component
APIs.  These packages allow users to instantiate SDOs, forward publication and subscription infor-
mation to DIME, discover existing SDOs that match outstanding interests and instantiate them, and
notify the application (if requested) of changes in the state of SDOs that have already been discov-
ered.  A Callback Dispatcher package manages the facility for calling back the application in re-
sponse to new events, based on an application-defined threading model.  The Interface Repository
(IFR) cache gives the middleware access to class definition information so the middleware can in-
stantiate objects for which compiled-in factories do not exist.  Execution Management Services allow
applications to create, join, synchronize with, leave, and destroy logical range executions.  Finally, a
Service Configurator package manages the middleware’s instantiation of services so that those that
are not needed for a given logical range execution may be omitted with consequent decrease in mid-
dleware overhead.

The final collection of packages in the core IKE 2 software, comprising the TENA SDO API, consist
of those classes needed to support the management of the SDOs themselves.  TENA Object Frame-
works (one for server objects and another for client objects) define the base classes from which all
TENA objects and their proxies derive.  Other classes are required for the management of a TENA
object’s publication state information, which can be created, updated, and read by the software ap-
plication serving that object, as well as read by client applications.

The final category of packages being created for IKE 2 are those in the bottom right-hand corner of
Figure 2, and represent functionality that will be designed, developed, and integrated in subsequent



development spirals.  The Health Monitor package provides the middleware and TENA applications
insight into the status of all applications comprising the current logical range.  This type of monitor-
ing can provide crucial information to support fault tolerance in application and logical range design.
The Message and Data Stream packages implement efficient transmission and reception capability for
these important communication modes.  Introspection Services and Dynamic Invocation Services
provide simplified access to the Interface Repository (which in the current design is the CORBA In-
terface Repository), allowing applications to fully participate in a logical range without compiling in
the TENA Object Model.  Diagnostics provide the IKE 2 developers and the application developers
the ability to measure IKE 2 performance, while also providing valuable information for debugging
purposes.  Finally, gateways are planned to provide an integration mechanism with HLA federations
and Structured Query Language (SQL) databases.  The “Database Gateway” represents a unique
TENA-based logging and replay mechanism using standard interfaces to a wide range of commercial
databases.

CONCLUSION

Future warfighting concepts, relying heavily on network-centric warfare capabilities, cannot be ade-
quately tested with today’s test resources.  A new, interoperable foundation must be established.
The nation cannot afford to rebuild the entire test and training infrastructure, so a strategy must be
instituted to ensure that needed legacy capabilities are adapted, and future investments are designed,
to be interoperable in support of these future warfighting scenarios.  The FI 2010 project, with its
IKE 2 prototype, is a clear step toward developing this strategy by investigating, developing, and
coordinating the standards and procedures needed to achieve interoperability.  Range asset owners
and acquisition program managers are the key to successful implementation.  The FI 2010 team is
heavily involved in coordinating their activities among all potential stakeholders to ensure success.
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ABSTRACT

The Range Instrumentation and Control System (RICS) is a PC-based client/server application
designed to collect time-space position information (TSPI) from remote radar test sites and distribute
it in real-time across a wide area network (WAN). The system architecture is composed of two main
parts—the Data Interface Adapter (or DIA, which runs under VxWorks and is implemented using
C/C++) and the RICS console PC (which runs under Windows 2000 and is implemented in Java).
CORBA is used to provide communication between the RICS console and DIA. This paper
describes the design of the system, focusing primarily on the DIA software.
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INTRODUCTION

In 1995, the 46th Test Wing at Eglin AFB in Northwest Florida initiated a reconstitution program for
the radar test sites on Santa Rosa Island to repair the extensive damage caused by Hurricane Opal.
Due to the extremely high cost of rebuilding and repairing facilities, the Test Wing personnel
decided to consolidate and modernize the most actively used sites. Their goals were to provide more
generalized support and to expand capabilities from Electronic Combat to C4I support and munitions
testing.

The Range Instrumentation and Control System (RICS) is the twenty-first century replacement of
the aging Universal Data System (UDS) that has been in operation at Eglin for over 25 years. RICS
will serve as the nucleus for collecting, formatting, recording, verifying, and routing Time-Space
Position Information (TSPI) in real-time. It will capture radar TSPI data at rates from 10 to 60 hertz
and provide it to its clients via a fiber optic network. When the reconstitution program is completed
at Eglin, there will be three focus test sites equipped with RICS.



SYSTEM DESCRIPTION

A focus test site (Figure 1) is composed of a control building, one or more Data Interface Adapter
(DIA) computers, a Range Instrumentation Control (RIC) computer, a RICS-to-Range Slaving
System (RICS-to-RSS) computer, and a variety of telemetry, communication, and networking
equipment. A detailed description of the hardware and infrastructure is beyond the scope of this
paper. This paper will focus on the distributed software system, developed by the Freeman Computer
Sciences Center, with emphasis on the DIA.
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Figure 1. Focus Test Site

The DIA computer is physically connected to a radar system and is the main data acquisition device.
Each DIA is located in a transportable enclosure at the radar hardstands/pads where all
communication and data lines terminate. The computer is comprised of a rack-mount passive 12-slot
PCI backplane with a single-board computer and several custom and commercial data PCI cards for
input and output. The multithreaded DIA software is implemented in C/C++ and runs under a real-
time operating system, VxWorks by WindRiver Systems.



The RIC computer is the command and control component of the system providing the operators a
graphical interface to the radar(s). It displays information from one or more DIAs and allows remote
configuration. It is located in the control building at the focus site. The RIC computer is a standard
high-performance desktop PC running MS-Windows 2000. The RIC software is implemented in
Java.

The relationship of the DIA to the RIC computer is a classic client/server distributed computer
configuration where the DIA is the server and the RIC computer is the client. Command and control
communication is accomplished via CORBA with the DIA using ORBExpress as its Object Request
Broker (ORB) and the RIC using the VisiBroker ORB.

A second relationship exists between the DIA and RIC computers when the DIA is disseminating
data. The DIA provides data to its clients via the connectionless multicast-UDP. Thus, the DIA acts
as a transmitter and clients of its data (the RIC included) act as passive listeners. The clients
accomplish this by subscribing to the multicast address and port that the DIA is using. The DIA also
uses multicast-UDP to transmit a “heartbeat” message (on a different multicast address and port) to
allow a RIC computer to discover that the DIA is up and running and to provide information needed
to facilitate binding for CORBA communication.

A third computer exists in the RICS system—the R2R converter. This computer provides a means
for backward compatibility between the legacy Range Slaving System (RSS) and RICS. The RICS-
to-RSS computer is intended as a temporary bridge until the remaining legacy sites at Eglin AFB are
upgraded to RICS capability. The RICS-to-RSS software is implemented in C/C++ and runs under
VxWorks.



DIA DATA FLOW

Data acquisition and transmission is accomplished by the DIA through a collection of I/O cards and
threads. The GPS receiver card is used to initiate data collection and to time-tag the data. The HiRes
card is used to record discrete mode changes at 100 nanosecond resolution. The W1W2W3 card
collects azimuth, elevation, range, and pedestal angle track gate positions for up to four targets. The
Acromag-IP carrier card is used to collect analog input and digital I/O data. The network card is used
for data transmission and radar control.
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Figure 2. DIA Data Flow

Figure 2 shows the primary data flow through the DIA. Data collection is initiated via an interrupt
from the GPS card. The GPS card can either generate interrupts itself at a periodic rate or interrupts
can be triggered by an event from the W1W2W3 card. The detection of a GPS interrupt causes the
GPS Interrupt Service Routine (ISR) to place a message on the data collection message queue to
inform the data collection thread that data is ready. The W1W2W3 card generates an interrupt that
causes its ISR to collect the current data and place it into shared memory for the data collection
thread.

The GPS ISR also collects any available HiRes events and places them on the HiRes data collection
message queue for processing. Upon receipt of the HiRes event data, the HiRes data collection
thread places the HiRes data on the data record message queue and saves the last HiRes state for the
data collection process.



The data collection thread sleeps until it receives a message in its message queue. Once the data-
ready message is received, it begins the data collection process. First it obtains the event time from
the GPS card. It then collects the current W1W2W3 data from shared memory, records the current
HiRes data state, and reads the current analog and digital input values from the Acromag card. The
data items are placed into a RICS format data packet that is multicast on the network.

The information collected by the Data Collection Thread and the HiRes Data Collection Thread is
recorded by a separate thread during processing. This is accomplished by placing the data in the
Data Record Message Queue for the Data Record Thread to write to mass storage.



DIA SOFTWARE DESIGN

The implementation of the DIA is based on an Object Oriented Design (OOD). The Unified
Modeling Language (UML) was used to describe the software components (classes) and their
interactions. Because of the large number of classes and the complexity of the system, the object
model is broken into “packages” containing related and/or coupled classes. Figure 3 shows the
dependencies between packages.

Figure 3. DIA Package Diagram

Each package represents a category of classes of the DIA. The DIA CORBA package contains the
classes necessary to allow the DIA to be controlled remotely from a RIC computer. The Sockets
package contains classes for reading and writing UDP datagrams. The DIA Utilities package is a
collection of classes that are used throughout the DIA software. The Radar Control Threads package
contains classes for radar slaving and slew tests. The Recording Threads package contains classes
for logging, recording, and replaying RICS data. The DIA Control package contains classes for



managing threads and operating the DIA’s console. The Data Acquisition package and the Data
Collection Threads package will be described in detail below.

Figure 4. Data Acquisition Object Model

The object model in Figure 4 shows the Data Acquisition package in detail. It contains C++
wrappers for the drivers that access the data collection hardware. The DiaSubSys class implements
the Façade design pattern. This pattern encapsulates the hardware wrappers to provide a simplified
single point of access for the DIA software.



Figure 5. Data Collection Threads

The Data Collection Threads package (Figure 5) models the data collection thread class hierarchy.
The DiaThread class is a base class containing general methods and attributes to implement threads
under VxWorks. The W123ColThread class and HiResColThread class are derived from the
DiaThread class. The W123ColThread class gathers radar data indirectly through the DiaSubSys
class (part of the Data Acquisition package). The HiResColThread class receives its data via its
message queue.

CONCLUSION

RICS is a complicated system spanning multiple computers and a diverse set of inputs. The object-
oriented approach worked well for modeling the software design. The use of UML packages made
the design manageable by dividing the system into distinct class categories. Its distributed nature lent
itself to the use of a component architecture such as CORBA for client/server communication. At
this time, the DIA software and the RIC software are complete and ready for testing. The system
test, slated for the summer of 2001, will involve installing a RICS at an FPS-16 radar site at Eglin
AFB, Florida.
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ABSTRACT

A flexible, modular method is needed to connect test range data systems to central real-time
computer networks. This is achieved by the development of a real-time, networked, VME-based
range interface system. Flexibility is achieved by a modular hardware and software design. The
modular hardware consists of standard network interfaces, COTS VME interfaces, and a VME
single board computer (with an onboard PCI bus). The modular software is implemented in C++
using the VxWorks real-time operating system. This paper describes the conceptual design and
development of the Modular Range Interface (ModRI).
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INTRODUCTION

One of the primary missions of Eglin AFB, Florida, is the testing of combat systems for multi-
service and international customers. To accomplish this testing, Eglin explores ranges instrumented
with data gathering systems that interface with centralized real-time computer networks. Traditional
methods were used over the last 25 years to connect these range data systems to real-time computer
networks. Since no interface standards existed, each equipment manufacturer developed proprietary
input/output (I/O) interfaces. This resulted in one-of-a-kind interface systems. The unique systems
that evolved through the course of time are now difficult to use and expensive to maintain. In order
to provide customers with competitive and flexible solutions in an ever-changing testing
environment, the Freeman Computer Sciences Center located at Eglin AFB is currently upgrading
these legacy systems to modern software and hardware technologies.

Here at the Freeman Computer Sciences Center, customers can perform mission control and real-
time data analysis during a test mission. The Center maintains the interface between the test range
and real-time computer networks that support the customer. Currently these legacy systems consist
of 1970’s minicomputers coded in assembly language, using customized communication hardware
and proprietary network protocols. These systems are both costly and difficult to maintain.
Consequently, a flexible, modular method is needed to connect test range data systems to central
real-time computer networks. These data systems provide the central real-time computer networks
with Time-Space Position Information (TSPI) and Global Positioning System (GPS) data. This paper
describes the design and development of a Modular Range Interface (ModRI) that can be easily
configured to support connection of range data systems to centralized computers at any real-time test
range.

A standard method for connecting data systems with centralized real-time networks has many
advantages. ModRI is implemented with modular hardware and software components to maximize
flexibility and portability. All of the hardware and software modules supporting a specific range data
system are interchangeable between ModRI boxes. Furthermore, the entire ModRI box is easily
transported from one range to another and simply plugged into a suitable network connection at the
new location. An additional benefit is the reduction in application program changes as range data
systems are added or removed or when real-time networks are upgraded.

Figure 1 depicts ModRI’s implementation of range data system connections. All of the range-
specific interface connections are localized to ModRI. ModRI receives and buffers incoming data,
performs any needed data conversion or formatting, and sends the range data (in a standard format)
to any real-time computer that requested the data. Data output to the range (slaving, control, closed
loop, etc.) is the reverse of this process. ModRI can also transfer real-time data between ranges via
standard Internet Protocol (IP) routers and wide area network (WAN) links. Figure 1 shows a
phased-array radar tracking an aircraft, a GPS downlink system receiving position information from
an aircraft, ship, and ground vehicle, and a multilateration system tracking the ground vehicle.



Figure 1. ModRI Range Connections

The goal of this project is to design, develop, demonstrate, and operationally use ModRI for real-
time mission support. ModRI will accomplish this goal with modular hardware and software
components, maximizing flexibility and portability while minimizing complexity and cost. The
modular hardware design integrates modular hardware components into a commercial off-the-shelf
(COTS) enclosure. Standard modular I/O hardware connects to the range data systems, and standard
network interfaces connect to the real-time computer networks. All the modular hardware is
controlled by a single board computer (SBC) supporting daughter board add-ons. The modular
software design uses object-oriented design techniques and is implemented in an object-oriented
language. The software development environment consists of a standard real-time operating system
(or RTOS, which assures deterministic behavior) adhering to POSIX standards (ensuring platform
independence). Many suitable interface standards have been exploited to build ModRI. These
standards facilitate asset sharing between test ranges, lower the cost of testing, increase dual-use
potential, and allow easy integration of new range data systems in a cost-effective manner.

CONCEPTUAL DESIGN

Hardware Design. Technology has advanced to the point where it is possible to build a complete
interface system entirely from modular COTS hardware components. The key technologies exploited
are VME enclosures with standard I/O hardware, fast SBCs, and standard network hardware.

VME enclosures are very durable and reliable under extreme conditions making them ideal for field
use. As an industry standard for control and communications equipment, VME has over 5000
different interface cards supplied by more than 500 different manufacturers. Types of cards needed
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for connection to range data systems include serial data (asynchronous, synchronous) supporting
various communication protocols (RS-232, RS-422, SDLC, BISYNC, PCM), IRIG-B time code
readers, precision interrupt timers, digital parallel (PIO, DMA transfers), Ethernet, and replicated
shared memory.

Extremely fast 32-bit SBCs using Intel Pentium III chip technology are now available. These SBCs
plug into a VME bus backplanes (ANSI/IEEE 1014-1987), support VME 64-bit data transfers,
contain up to 256 MB of memory, have built-in Ethernet (IEEE 802.3) interfaces, and include a PCI
bus (132 MB/sec). The onboard PCI bus accepts a PCI mezzanine card (PMC, IEEE P1386.1) that
can support FDDI interfaces, ATM interfaces, or a bridge to a PMC expansion module. Various
timers and a SCSI-2 bus are also implemented on the SBCs.

The most common standard network interfaces are Ethernet and FDDI. Ethernet bandwidth is 10/100
Mbit/sec while FDDI operates at 100 Mbit/sec. Ethernet is a CSMA/CD (carrier-sense multiple
access with collision detection) network and can be used in real-time networks with a small number
of nodes. Use of Ethernet in real-time with large numbers of nodes causes numerous collisions that
introduce random latencies during data packet transmission. FDDI is a token ring-passing network
well suited for real-time use. FDDI data transmission latencies are more accurately predicted, and
FDDI networks are easily extended to multiple FDDI rings by using high-speed network switches to
control latencies. ATM or Gigabit Ethernet networks implemented with high bandwidth switches
will also work well in the real-time environment. Figure 2 depicts the system configuration for
ModRI and the actual hardware that ModRI will use to implement its modular design.

Figure 2. ModRI System Configuration
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Another value-added aspect of ModRI concept is that current technology enables increasing the data
rates from the test range. A simple way to enhance real-time TSPI processing is to increase the
sample rate. Eglin’s radars currently send data at 10 samples/sec but could easily operate at 40
samples/sec using ModRI. New real-time computers are now being installed that have the I/O
bandwidth and power necessary to process TSPI data at these higher rates.

Software Design. To complement the modular hardware design, ModRI needs a modular software
architecture that adheres to industry standards. ModRI utilizes software technologies that include a
POSIX-compliant RTOS, standard networking protocols, and an object-oriented design
methodology and programming language.

A widely used operating system for developing real-time applications is VxWorks software from
Wind River Systems, Inc. VxWorks features a priority-based, preemptive multitasking microkernel
executive suitable for applications requiring high-rate performance and deterministic behavior.
VxWorks supports key industry standards including real-time POSIX (IEEE 1003.1), C/C++,
TCP/IP, and includes a feature rich Integrated Development Environment (IDE).

ModRI takes advantage of the client/server architecture implemented on the real-time computer
networks. As the interface between the test range and the real-time computer network, ModRI acts
as a server to multiple real-time clients located on the network. These clients communicate with
ModRI through Real-time Network Control (RTNC) software running on each client. RTNC handles
data system selection/deselection and bi-directional data transfers between ModRI and the clients.
Client applications call a Real-time Application Program Interface (RTAPI) to request data from any
range data source connected to ModRI. The RTAPI supports one or more user processes running on
a client. These clients connect to one or more ModRIs via multiple network links.

Currently, ModRI and RTNC communicate via raw sockets and a proprietary protocol; however, use
of any OSI transport layer protocol suitable for real-time communications is acceptable. One
suggestion is UDP/IP. The worldwide acceptance of this standard makes inter-range data
communication possible (i.e., displaying local data on at a remote site), assuming there is sufficient
bandwidth available on the network.

A modular software design is required under the ModRI philosophy. Modular software allows easy
configuration of ModRI for different data system and network interfaces at the various test ranges.
The software development approach that most closely fits ModRI’s philosophy is an object-oriented
analysis and design (OOAD). Achieving the best results requires good communication throughout
the design process. To facilitate good communication, we propose using Unified Modeling
Language (UML) diagrams and notation. Because of UML’s wide acceptance, there is greater
opportunity for productive design reviews, and professionals outside the ModRI project can easily
understand the design. UML also allows electronic design verification using UML design software.
Where possible, design patterns are used for maintainability. Design patterns are well documented,
readily available, and highly optimal and modular. Figure 3 shows the design pattern solution to the
modular hardware/software requirement. Using good OOAD practices allows the software to be as
easily interchangeable as the hardware; thus keeping with the ModRI design philosophy.



Figure 3. Virtual Hardware

Implementing a solid, modular software design requires a good OO language. ModRI needs a widely
available and understood language. Additionally, ModRI needs the ability to control the low level
devices while allowing flexibility for optimizations. C++ satisfies these requirements. A GNU C++
compiler is packaged with the Tornado II development environment for VxWorks. C++ offers good
OO features with the flexibility to write hardware device drivers and to optimize algorithms for real-
time applications.

CONCLUSION

The primary ModRI goal, as discussed above, is to support real-time range data transfers for all real-
time mission activity at Eglin AFB, Florida. This goal is accomplished with a modular hardware and
software design that results in the quick implementation of new range data systems, provides
configuration flexibility as systems change, and replaces legacy equipment that is expensive to
maintain (perhaps impossible to maintain in the near future). Additionally, the use of a modular
hardware and software design provides portability—any range with existing data sources can use
ModRI. As discussed, standardization keeps the cost and complexity low. Accordingly, ModRI
utilizes a variety of VME COTS hardware, standard network protocols, and an OO paradigm. As a
proof of concept, a ModRI prototype has been successfully developed and tested. Incremental
development of the production model is currently in progress.
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ABSTRACT

Joint Advanced Missile Instrumentation (JAMI), a Central Test and Evaluation Investment Program
(CTEIP) initiative, 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 has
made significant progress in the development of Global Positioning System (GPS) based Time-Space-
Position Information (TSPI) tracking hardware, flight termination equipment and end-game vector
scoring technology in low cost, modular packages that will allow world-wide test and training. The
JAMI program is in full-scale development of advanced GPS technologies to reduce the cold start Time-
To-First-Fix (TTFF) to less than 3 seconds. This paper discusses the progress of the program during the
past year and the efforts planned for fiscal year 2001. Testing results of GPS receivers to levels of over
50 Gs and problems encountered in programming GPS simulator for missile flight profiles are
discussed.
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INTRODUCTION

The JAMI program was initiated in 1997 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 included as well as the
development of sophisticated post mission processing to obtain End Game Scoring (EGS) quality
measurements.

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.



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. Four 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 Hardened Subminiature 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.

JAMI PHASE 2 - FULL SCALE DEVELOPMENT

JAMI was approved as a Phase 2 program in February 2000. Several important actions were initiated in
support of the final JAMI goal of high dynamic GPS tracking and post mission end game scoring during
the past year. In addition, several new problems were discovered in the areas of GPS testing and
simulation and GPS antenna design.

High Dynamic GPS Technology Development- A significant milestone was reached in March when a
novel GPS technology developed by Parthus Ltd., UK was tested by the JAMI team. This GPS Sensor is
a s lit receiver device and demonstrated the ability to find and lock onto at least four satellites in less
than 3 seconds with only a lookup list of satellites to aid acquisition. Further testing demonstrated that
the unit could track through simulated missile dynamics of up to 100 G. These tests confirmed extensive
MatLab modeling of the concept that had been conducted last fall. The concept was described in detail
by Dr Anthony R Pratt of Parthus Ltd. in the paper “GPS for Tracking 100g Dynamic Vehicles”.

Figure 1.  High Dynamic GPS Sensor



Parthus Ltd. packaged the GPS sensor on a 2.3 inch diameter assembly chosen for 2.75 inch missile
telemetry packages. This unit was delivered in June 2001 and a test program has been designed to
evaluate the unit under missile environments and dynamics. The unit employees a hardened crystal
oscillator developed by the Hardened Subminiature Telemetry and Sensor Systems (HSTSS) program.
The oscillator has a G sensitivity of only 0.01 ppm/G.

A follow-on contract is planned to enhance the existing sensor implementation. The improved sensor
will provide for acquisition from a completely cold start and improve the carrier phase recovery
capability.

Flight Termination- The JAMI program expanded its involvement in flight termination technology in
FY-01. The Flight Termination Safe and Arm (FTSA) design was successfully transitioned to Raymond
Engineering Operations (REO) of Kaman Engineering and qualification testing is planned for November
2001. The FTSA is a programmable device that allows the user to set the arming conditions based on the
requirements for a specific weapon system. The FTSA specification has been reviewed by the Range
Safety community who will also oversee qualification testing. The programmable functions include
failsafe conditions, safe separation time, umbilical disconnect, and two axis acceleration to "50 G.

The Air Force and NASA initiated an investigation into enhanced Flight Termination Technology that
would provide the capability to digitally address flight termination receivers (FTR). The JAMI program
endorsed this concept because it provides greater utility in multiple weapon tests and greatly simplifies
the FTR ordering and stocking problems encountered at many ranges.

Figure 2.  FTSA Prototype

Ground Processing- Significant work was completed in GPS ground processing during the past year. A
requirements document describing the function and interface for the JAMI Data Processor was
completed. A real-time system dubbed Missile Application Real Time Interface (MARTI) was
developed in support of low dynamic missiles or targets and was fielded over a year ahead of schedule.
MARTI provides the capability of displaying the GPS position of a missile or target using the Missile
Application Condensed Message (MACM) protocol and contains a dead-reckoner and impact predictor
to aid in filling in the track in the event of a telemetry dropout. The MARTI software will be interfaced
with the TECS display system at Edwards AFB and the range at China Lake this year.



The other ground processing software under development by JAMI is the Multi-sensor Optimal
Smoother Estimation Software (MOSES). MOSES is a post-processing product developed by the Air
Force in support of the B-1 flight test program. MOSES is used on a daily basis at Edwards AFB and
Hollaman AFB for precision flight analysis. It is highly structured and uses all available 4 4 sensors” to
calculate the best solution. The core of the MOSES system is a sophisticated Kalman filter-smoother
developed by Dr. Neil Carlson, which applies GPS corrections to an IMU position solution. The Air
Force is currently modifying the MOSES GPS processing from standard differential corrections to
kinematic processing. An input module was written and tested to create a differentially corrected GPS
solution in real time from the MACM input message.

JAMI TSPI Unit- The JAMI TSPI Unit (JTU) development received much of the JAMI effort during
the past year since it is the heart of the JAMI airborne system. The JTU contains either a high or low
dynamic GPS tracking unit and a sophisticated Inertial Measurements Unit (IMU) signal processor. A
power supply and data formatter are also included in the 13 cubic inch unit. The JTU will provide a data
protocol to the host telemetry system of a missile that has been dubbed the TSPI Unit Message Structure
(TUMS) at a rate of less than 200 Kb/s. Processing firmware was developed to reduce the IMU
downlink rate without introducing any processing error. Additional firmware was developed to
continuously integrate a relative position solution on the missile. The relative position will be tied to an
absolute position by including the GPS data. This feature will allow for the ground processor to provide
an accurate missile track in a post flight filter/smoother by using the integrator output to fill in the
missing telemetry gaps. Since the IMU errors are very small for short periods of time, the resultant
missile position solution will be very accurate even if the GPS system fails to provide carrier phase
tracking for durations of a few seconds.

The JTU specification is scheduled for released in 2001. In support of this effort, a covariance analysis
is underway to specify the IMU system performance based on expected missile tracking dynamics,
typical GPS and/or telemetry dropouts, and required post mission tracking accuracy requirements.
Additional covariance analysis will be performed using error state data from existing miniature IMU
sensors to verify that the JAMI tracking requirements are attainable.

JAMI TSPI Integrated Module (JTIM) - The need for an integrated stand-alone package was identified
as a method of providing high quality GPS and IMU data from a target platform. The JTIM will include
the JTU components as well as an optional encryption unit and telemetry transmitter. The packaging
constraints of this system ( are not as severe as the JTU and the primary configuration will be in an
AN/DSQ-50 scoring form factor. The JTIM will require a GPS antenna and a telemetry antenna. One of
the interesting concerns related to the JTIM is whether a target should contain a single GPS receiver (to
support all GPS based systems, or have a distributed system of GPS receivers that use a common
antenna). The issue involves mandating any GPS receiver used as part of the target control system also
provide a MACM output at a 10 Hz rate that would be required for End Game Scoring and lethality
analysis.

GPS Testing- GPS dynamic testing is a long-term effort in the JAMI program with several aspects. As
reported last year, simulation testing was done using the Guided Weapon Evaluation Facility (GWEF) at
Eglin AFB and several missile scenarios have been developed as analysis tools. In October 2000 a series
of outdoor tests were conducted, using a centrifuge with a 30-foot arm. Thirteen tests were conducted
over a 6-day period and the data is still being analyzed. One of the most difficult factors encountered
was the lack of a truth source. Video position verification was attempted but the speed of the an-n made
analysis difficult. The centrifuge was capable of acceleration over 20 G which was the tracking limit of
the receivers under test. High dynamic GPS and IN4U testing remains one of the major problems facing



the JAMI program given the need for truth measurements with an accuracy of one foot, 0.5 degree
attitude and 0.1 ft/sec velocity during maneuvers of up to 50 G.

Platform Integration- Integration of JAMI developed hardware onto various platforms has been of high
priority during the past year. Memorandums of Agreements (MOA) have been negotiated between JAMI
and missile programs through which JAMI provides qualified JTU hardware and the missile program
provides the platform and test results. The JAMI program still has the CTEIP requirement to integrate
all JAMI systems (FTSA, JTU) into a single platform and demonstrate the system on a national range.
The current plan is to design and fabricate a complete system in a 5 inch missile warhead volume. Oil
The system will contain redundant FTRs, FTSAs, flight termination batteries, alone with signal
conditioning, a JTU, an encoder, an encrypter, a transmitter, and a tri-band antenna.

Figure 3. Low Dynamic GPS Tracking Unit

CONCLUSIONS

The JAMI program has successfully identified a GPS technology that has performance that was
considered impossible three years ago. High dynamic missile programs will be supported through the
use of worldwide tracking capability as well as programmable flight termination hardware. Testing
strategies have been developed to verify the performance of high dynamic hardware.
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ABSTRACT

This paper presents the results of a feasibility study undertaken by the University of Salzburg
(Austria), investigating the autonomous acquisition of environmental data in a global network. A
suggested application which is used as the basis of this paper is a volcano monitoring system which
would be able to track the activity of a volcano and act as a disaster warning system. The
background Volcano observation data required for such a system is covered, before discussing the
concepts for sensor data acquisition, storage and processing. A final analysis is then presented of the
opportunities for the transmission by packet radio (both terrestrial and satellite).
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1 INTRODUCTION

The measurement of environmental data plays a vital role in life nowadays. Examples are rainforest
and volcano activity monitoring. Rainforest monitoring can provide very important data to detect
the man made changes in the sensitive oecological system in order to rescue it. Volcano activity
monitoring can even save the lives of many people, warning them in time before it erupts.

Since 1993, the Department of Scientific Computing at the University of Salzburg (Austria) has
been involved in international projects such as

•acquisition of earth magnetic field data in the tropical rainforest of Brazil and transmission in
a wide area network (in co operation with INPE Brazil) [Clau93]

• introduction of an Indonesia-wide packet radio network, linking most of the universities and
research institutions of Indonesia for the first time (Jasipakta) [Clau93].

•support of a feasibility study of a Multi Mission Equatorial Satellite System (MMES)
[Soew99]

For these (and many other) projects there is a requirement for an autonomous, portable data
collection unit with packet radio link capabilities, which is able to supply itself with electrical
power, to acquire the measurement data and to transmit it into a wide area or global network.



There are about 120 volcanoes in Indonesia, but currently most still lack a portable volcano
monitoring and disaster warning system. Thus, this paper presents a feasibility study of volcano
monitoring and disaster warning in Indonesia (in the frame of a students' project in co operation
with LAPAN, the Directorat Vulkanologi and the Gadja Madha University of Yogyakarta),
exploring some opportunities for acquisition and transmission by packet oriented radio transmission.

So what is the system supposed to do? First of all, it should acquire the volcano specific data in real
time and store it as raw data for a certain time period. Then, specific monitoring data, e.g. statistical
or smooth mean values, minima and maxima, should be provided to volcano scientists by
transmission into a terrestrial packet radio or satellite network. Further, if some values exceed fixed
limits, a warning mechanism should be started. The final goal would comprise the global
availability of specific volcano monitoring data in the internet.

2 VOLCANOLOGIC BACKGROUND INFORMATION

Which kind of data is the system supposed to measure? Data acquisition of volcanologic data in
general can be divided into several parts. There is geo-chemical data to be collected as well as
geologic and meteorological data:

2.1 GEOCHEMICAL DATA

The “smoke” rising from volcanoes is gas that is naturally released from both active and inactive
volcanoes. The rate at which a volcano releases gases into the atmosphere is related to the volume of
magma within its magma-reservoir system. Their chemical composition depends on the temperature,
and on the stage of volcanic activity. Tab 1 gives an overview of the 10 most important components
of the volcanic gas composition [Mcge95] [Sutt92].

Gas Formula % mole Gas Formula % mole
Water vapor H2O 18,95 – 98,13 Hydrofluoric acid HF 0,00 – 8.67
Carbon dioxide CO2 2,86 – 35,77 Nitrogen N2 0,00 – 6,98
Hydrogen H2 0,02 – 11,60 Carbon monoxide CO 0,00 – 3,68
Sulphur dioxide SO2 0,74 – 10,86 Oxygen and argon O2 + Ar 0,00 – 3,28
Hydrochloric acid HCl 0,10 – 10,53 Hydrogen sulphide H2S 0,03 – 1,66

Tab 1: Volcanic Gas Composition [Purb97]

The concentration of this gas composition varies from one volcano to the next. Typically the most
abundant volcanic gas is H2O vapor, followed by CO2, H2, and SO2. Volcanologists study these
gases to improve their understanding of how volcanoes work, and to recognise changes in
abundance or composition that might signal the possible reawakening of an inactive volcano or
point to a threatening eruption at an already restless volcano. Therefore, chemical sensors are
installed in or near volcanic vents and are linked to radio telemetry devices to provide a continuous
readout on one or more gases. In doing so, significant short term releases of gas that will usually be
missed by occasional sampling, can be detected. Decreasing H2O and increasing CO2, SO2,  H2S,
HCl, N2 concentrations usually precede an eruption, whereas H2 and O2 on the other hand do not
change significantly. Sometimes several crises exhibit an increase of H2/H2S, CO/CO2 and a
decrease of CO2/H2O and HCl/H2O ratios even a few months prior to the eruption. [Mcge95],
[Purb97]



2.2 GEOLOGICAL DATA

Most important is Seismicity, since the earliest warning of volcanic unrest usually contributes to
earthquakes. Earthquake swarms immediately precedes most volcanic eruptions. Here, the
frequency, magnitude, location, and type of earthquake are measured for monitoring and forecasting
eruptions. The distribution of earthquakes provides information about magma pathways and the
structure of volcanoes. Most volcanic related earthquakes are less than a magnitude 2 or 3 and occur
less than 10 km beneath a volcano. Sometimes, these tiny earthquakes represent the only indication
that a volcano is becoming restless. [Mcnu96], [Url1]

In order to measure the deformation of the volcano surface caused by the pressure of magma
moving underground, geodetic networks are set up. Measurements of horizontal deformation are
made with electronic distance meters (EDMs). Tilt, which is the measurement of the slope angle of
the volcano's flank, is measured by so called tiltmeters. [Ever93]

Magma movement can also be traced by changes in electrical conductivity, in magnetic field
strength, and in the force of gravity. These measurements may even respond to magma movement
when no earthquakes or measurable ground movement occurs. [Wrig92]

2.3 METEOROLOGICAL DATA

In order to complete the acquisition system, it will also comprise of the measurement of the
following meteorological data: temperature (air, ground), atmospheric pressure, humidity, amount
of rain and snow, wind (speed, direction) and sun irradiation .

2.4 HOUSEKEEPING DATA

"Engineering and Housekeeping-Data" is required to supervise the health of the station itself. The
acquisition of parameters like electrical voltages, currents, power or temperatures needs less
bandwidth than the other measurement values. They can be subcommutated into one single
multiplex channel. Therefore, a subcommutator with 8 channels may be used. So far, there are 7
different housekeeping values to be transmitted. The eighth channel is a spare one.

3 SYSTEM DESIGN CONSIDERATIONS

How will the system look like? Fig. 1 shows the schematic system overview. The heart of the
system consists of a laptop, a data acquisition system (DAS) board, a GPS card, and a packet radio
terminal node controller (TNC) with a modem. Market available components are used. The DAS
board provides the PC with the raw information of the input channels (see 3.1) The GPS card tells
the exact position of the measurement system and synchronises the master clock, which is important
for the timestamps. The PC (laptop) receives, processes and stores all the data just gathered (see
3.2). According to a predefined time interval, which by the way depends on the current operating
level (see 3.2), the processed data is transmitted via a modem (for example TNC2, which can either
be for satellite or terrestrial transmission) (see 3.3). There is also the possibility that the control
station sends commands to the system to ask for specific measurement data (as indicated by the
broken line):



Fig. 1 Schematic systems overview (DAS...Data Acquisition System, CMD...Command, TRX...Transceiver)

3.1 DATA ACQUISITION

Based on the results of chapter two (illustrated in Tab. 2), the monitoring station would require a
DAS (Data Acquisition System) with 32 channels.

Category Measurement
Values

Nr. of
channels

Geochemistry H2O, CO2, H2, SO2, HCl, HF, N2, CO, O2 + Ar, H2S 10
Geologic data earthquake (frequency, magnitude, location, type), horizontal

deformation, tilt, electrical conductivity, magnetic field strength, force
of gravity

11

Meteorological
data

temperature (air, ground), atmospheric pressure, humidity, amount of
rain and snow, wind (speed, direction), sun performance

9

Housekeeping position, time, temperature, various electrical parameters (U, I, P)
(subcommutated into one channel)

1

future use for future measurement goals or overhead 1
Tab 2. Overview of the 32 input channels of the system

As far as the resolution is concerned, 10 bits are enough for most of these sensors. Since none of
them provides information with a higher frequency than 10 Hz (as indicated in [Purb97], [Url2] and
[Url3]), this bandwidth is used as a standard.

How much data has to be transmitted per second? In order to calculate this, the sampling rate has to
be figured out first. In this example, a Butterworth filter (8th order) is chosen. To get a full profit of
the resolution of 10 bits, a sampling rate of 40 Hz is to be taken into account. Now, the number of
accumulated bits that have to be stored in a second can be calculated:

number of channels * resolution * sampling rate = 32 channels * 10 bit * 40 1/s = 12800 bit/s

Thus, within an hour the system has to transmit

3600 s * 12800 bit/s = 46080000 bits/h = 5760000 Bytes/h = 5,49 MB/h
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position

GPS

input
channels

time
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which is due to the assumption that all the measured raw data is transmitted. This does not seem to
be very efficient. In some cases it doesn't even make sense, like for example to transmit the position
of the monitoring station or the temperature which surely won't change much within a second. As a
consequence, the data has to be processed before transmission.

3.2 DATA HANDLING AND PROCESSING

As mentioned before, it is not necessary to transmit all the raw information every single second. It
seems to be far better to scale the data and then to process it, according to different types of
operating levels.

Fig. 2 Data handling

The analogue input coming from the sensors first has to be sampled. The sensors are expected to
deliver values within a standard input range (e.g. from 0 to 10 Volts or ± 5 Volts). With a resolution
of 10 bits, they will be represented as discrete values between 0 and 1023. This level is called raw
data. Then, a scaled measurement ("human readable") value is calculated out of the raw data that
accumulates in one second (e.g. value of a temperature sensor in the range of 0 ° C to 100 ° C). The
mean value of the 40 values of a sensor per second is calculated and written into the database:

timestamp = id temperature [° C] pressure [mbar] humidity [%] ... value 32
20010511/161500 25,4 986 84,3 ... ...
20010511/161501 25,5 986 84,3 ... ...
20010511/161502 25,4 987 84,4 ... ...

... ... ... ... ... ...
Tab. 3: Database model: timestamp = id (2 Bytes), 32 values (floats, each 4 Bytes) with some example data

In other words, every second a tuple of 32 values is inserted into the database. The 40 packets of
raw data are then thrown away. Every tuple gets a timestamp (2 Bytes), which at the same time is
the ID of the database table. The final step is the appliance of one of the following operations:

ab. Description ab. Description
Em Average value σE Variance
Eeff Root mean square value (effective value) ns1 Number of trespasses of threshold no. 1
Emax Maximum value measured ns2 Number of trespasses of threshold no. 2
Emin Minimum value measured ns3 Number of trespasses of threshold no. 3

Tab 4: possible operations for the scaled measurement values and their abbreviations (ab.)

The length of the time period where the operations should be applied may either depend on the
operating level in which the system currently runs, or can be requested by a parameter when using
the command option.

transmissionprocessingscalingsamplingLevel 0 :
analogue data

(0...10 V)

Level 1:
digital data

(0...1024 bits)

Level 2 :
scaled data

(0...100 ° C)

Level 3:
processed data

(23,4 °C)

raw data output buffer

reading in
sensor data

database



In the command option, the scientist can determine, from which sensor (s)he wants the data and
which operation should be applied for a specific time period: (get_data(start, end, sensor,
op)). When a command is coming in, the measurement values from the chosen sensor between
start and end is read out of the database. Then, the specified operation op is applied on the data.
Finally, the result is written into the output buffer where it waits to be transmitted (see 3.3).

When no commands are sent to the system, it behaves according to the operation level in which it is
running (automatic mode). That is to say, the operation level determines the time interval in which
the scaled data is read out of the database, processed an written to the output buffer. Tab 5 shows a
suggestion for operating levels (which, of course, can be altered by the scientist as well). The
decision, in which operating level the sensors run, is taken automatically by the system. For critical
sensors (like CO2, SO2, temperature, ...), the scientist has to define several ranges that correspond to
the particular operating levels. :

Operating Level Description Data processing every ... Temperature
P1 Disaster         n =       6 sec             > 90 ° C
P2 Problem n =     60 sec =     1 min 90 ° C – 70 ° C
P3 Warning n =   600 sec =   10 min 70 ° C – 50 ° C
P4 Normal n = 6000 sec = 100 min            < 50 ° C

Tab. 5: different operating levels & an example for measurement ranges (temperature) according to the operating level

Should a measurement value pass such a threshold, the system would change the operating level for
this sensor (or for the whole system) automatically.

An other way of determining the operating level of one sensor or of the complete system is provided
via the command function. The scientist can change the operating level manually by just telling the
system to do so (set_operating_level(sensor, level)). According to the operating level, the
system now gathers the values that have accumulated in the last n seconds, applies the predefined
operations for each single sender and puts the results into the output buffer. Here, the results wait to
be transmitted by the TNC. This is repeated by the time interval defined in the operating level. In
other words, in operating level P4 (normal), the incidental raw data is processed every n = 100
minutes, using the data of the last 100 minutes, and then put into the output buffer. Unless there is
any change in the operating level, it repeats doing this every 100 minutes.

How much data would there be accumulated in the output buffer? If we assume that one
measurement value (float) needs 4 Bytes, we get

32 channels * 4 Bytes * 8 operations = 1024 B = 1 KB

What happens to the scaled measurement values? They remain in the database for a predefined
period, selected by the scientist, for example one week. Then, the last n measurement values will be
deleted every n seconds:

Fig 3: delete last n measurement values every n seconds

t = w t = w + n

t = 0 t = w

t = 0

Input Buffer (one week) n new values

delete n old values

database-window (one week w = 7 * 24 * 3600 sec)

new database window (one week w = 7 * 24 * 3600 s)



How much data has to be stored in the database within this week (7*24*3600 s) then?

(32 channels * 4 Byte + 2 ByteTimestamp) B/s * (7*24*3600)s = 78624000 Bytes = 74,98 MB

3.3 DATA TRANSMISSION

The data transmission is based on packet radio, since the broadcast nature of the radio channel and
the ease of transporting and installing a station make this technology very attractive for the
collection or dissemination of sensor data in remote areas with a poor infrastructure. As
communication protocol, the world wide standard X.25 (or rather AX.25 with an extended address
field) is used (see Fig. 4):

Fig 4. The X.25 protocol

As far as the data transmission is concerned, the VHF/UHF range is advisable, because there exist a
plenty of efficient low power systems (1 - 10 W) with rather low prices (as a consequence of being
the radio amateur level technology). Further this technology exhibits low signal attenuation (caused
by vegetation like trees) when transmitted in the VHF/UHF range. The applied modulation
technique for bit rates of 9,6 kbps (and higher) is FSK. If aiming for a bit error rate of about 10-5, a
Carrier-to-Noise-Ratio of more than 15 dB is required.

There are two types of PR, terrestrial (3.3.1) and satellite based PR networks (3.3.2). When a
terrestrial PR network is used, the antenna could be a fixed mounted medium gain directional (Yagi)
antenna. In the case of LEO satellite PR networks, fixed mounted cross dipoles (circular
polarisation, over a reflector plane) would be applied. [Clau93] [Maye94]

3.3.1 TERRESTRIAL PACKET RADIO NETWORKS

Since acquisition systems of environmental data are often located in areas that lack GSM
infrastructure, a packet radio network seems to be attractive. Such an infrastructure with digipeaters
is now available in many countries. In Indonesia for example, a packet radio network system called
Jasipakta (UHF, 56 kbit/s) was introduced in 1993 [Clau93]. In the case of volcano data collection,
the measurement stations are located on elevated points, at the top of the volcano, which means a
wide range of propagation. By the way, the data rate mentioned is not the one that can be used by
the system. Since an X.25 frame looks like as indicated in Fig. 5, there is also some protocol data to
be transmitted. So every 2048 bits are accompanied by (at most 594 bits) overhead. Thus, the
maximum efficiency η is calculated

η = maximum data field / total packet = 2048 bits / (2048 + 594) bits = 0,775

Consequently, the effective net uplink data rate amounts to a value of

56 kbps * 0,775 = 43,4 kbps

8 bits 8 bits 8 - 2048 bits 16 bits 8 bits112 - 560 bits8 bits

flags
address

field
control
field PID flagsFCSdata field



According to the calculation in (3.2), there are 1024 Bytes (= 1 kB) in the output buffer that have to
be transmitted (in the worst case within 6 s). Thus, the transmission would last for

(1024 * 8) bits / 43,4 kbps = 0,19 s

How many stations could be served then (best case)?

Operating level Transmission every possible Stations
P1 n =       6 sec       6 s / 0,19 s/station =       31,79 =       31 stations
P2 n =     60 sec =     1 min     60 s / 0,19 s/station =     317,87 =     317 stations
P3 n =   600 sec =   10 min   600 s / 0,19 s/station =   3178,71 =   3178 stations
P4 n = 6000 sec = 100 min 6000 s / 0,19 s/station = 31787,10 = 31780 stations

Tab 6. calculation of possible served stations according to the operating level (terrestrial system)

3.3.2 SATELLITE BASED PACKET RADIO NETWORKS

If data from stations without access to any terrestrial PR network, like a monitoring station in the
tropical rainforest of Brazil or a volcano from Indonesia, should be transmitted, the only solution is
the use of space based networks. Or, to put it differently, satellites. The available geo-stationary
satellites are not recommendable here, since VSAT require high power transceiver or large antenna
structures because of the distance to the earth (about 40000 km). Therefore, LEO satellites (circular
or elliptic orbit, < 1000 km) are used. In general, there are two different types of LEO satellites,
commercial and non-commercial satellites. [Maye94]

The big advantage of commercial satellites such as ORBCOMM is that they are visible (available)
all the time. The disadvantage is the fact that they are rather expensive; every single byte that is
transmitted has to be paid. Furthermore, the provided uplink data rates are not really impressive (see
Tab 7).

Satellite Frequency (uplink) Data rate (uplink)
ORBCOMM 148.00 – 150,05 MHz 2400 bps (net)
ARGOS                     137 MHz 1200 bps (net)

Tab 7: Commercial satellites

According to the calculation in (3.2), there is a size of 1 KB in the output buffer that has to be
transmitted (in the worst case within 6 s). When ORBCOMM (net data rate uplink = 2400 bps = 300
Bps) is used, the transmission would last for

1024 Bytes / 300 Bps = 3,41 s

This means that only one station could be run in operating level P1, whereas in operating level P4
1759 stations could be served. (see Tab 8):

Operating level Transmission every possible Stations
P1 n =       6 sec       6 s / 3,41 s/station =       1,75 =       1 station
P2 n =     60 sec =     1 min     60 s / 3,41 s/station =     17,59 =     17 stations
P3 n =   600 sec =   10 min   600 s / 3,41 s/station =   175,95 =   175 stations
P4 n = 6000 sec = 100 min 6000 s / 3,41 s/station = 1759,53 = 1759 stations

Tab 8. calculation of possible served stations according to the operating level (commercial satellite PR system)



An alternative would be the use of a non-commercial satellite like one or more of the AMSAT,
UOSAT series or, further, Indonesia's planned Multi Mission Equatorial Satellite (MMES), likely to
be available beyond 2004. The usually used protocol with these satellites is the PACSAT protocol,
which was developed by the University of Surrey (Great Britain) [Ward91]. The big advantage of
non-commercial satellites lies in the fact that they can be used for free and that they really offer
rather high transmission rates (see Tab 9). Therefore, they are ideally suited for the test and
evaluation of a prototype system.

Satellite Frequency (uplink) Data rate (uplink)
AMSAT - series 144 - 146 MHz and 430 - 440 MHz 1,2 - 9,6 kbps (brutto)
MMES 144 - 148 MHz and 430 - 440 MHz 1,2 - 9,6 kbps (brutto)
Tab 9: Non commercial satellites

The major drawback consists of their non-continuous visibility. They are only visible every 100
minutes for about 5 minutes. That is to say that in automatic mode only operating level P4 (normal)
can be applied. Thus, the data collected in 100 minutes would have to be transmitted within the
short time span of five minutes. If MMES - PACSAT for example is used, the transmission for one
station would take

(1024 * 8 bits) / (1,2 kbps * 0,775) = 8,81 s

How many stations could be served by MMES - PACSAT within their availability of 5 minutes?

300 s / (8,81 s/station) = 34,05 = 34 stations

CONCLUSION

In this paper the results of a feasibility study of a volcano monitoring and disaster warning systems,
as an example for a measurement system of environmental data, was presented. Background
information on volcano monitoring was provided. Concepts for sensor data acquisition, storage and
processing were discussed, along the results providing that the designed system could easily be
realised: given that the hardware is available on the market within anticipated budget estimation,
and software for the database and drivers are also available. The interfaces between the drivers,
database and the output field would however have to be developed.

Finally, different opportunities for the transmission by packet radio (both terrestrial and satellite)
were also analysed: Terrestrial PR networks are preferable as they successfully meet the
expectations. Commercial satellite networks allow limited operation, especially in high priority
mode. Non commercial satellites are only suitable for monitoring (but not for real time) issues.

So far, neither redundancy nor reliability aspects have been covered. The electrical power budget
and the influence of environmental conditions (high temperatures, humidity, animals) of the station
on the design of the components still have to be analysed.
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Lembaga Penerbangan Dan Antariska Nasional
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Global System for Mobile Communication
Terminal Node Controller
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ABSTRACT

The Edwards Digital Switch (EDS) provides mission critical voice and time-space-
position information (TSPI) communication switching capability to the Edwards Test
Range.  The present system has been in operation for about
10 years.  The core of this system is based on widely used commercial-off-the-shelf
(COTS) time-slot interchange switches that were designed for a 40-year service life.  The
application layers of the system, comprising the command/control elements and the
communications and user interfaces, were custom developed by the prime contractor to
satisfy the performance requirements of the Air Force Flight Test Center (AFFTC).

Problems with the current system include difficulty in obtaining replacement items for
equipment developed by the prime contractor and higher than expected failure rates for
this equipment.  Based on experience, the service life for the equipment developed by the
prime contractor appears to be about 15 years.  Another problem is that lower cost packet
switches are taking market share from the more traditional time-slot interchange
switches.  This factor tends to accelerate the obsolescence of the existing COTS
equipment.

Solutions are being investigated to update or replace the EDS.  One solution is to reuse
the existing COTS core equipment and replace the present application layers, preferably
with COTS.  Another solution is to replace the entire system with COTS or vendor-
modified COTS hardware and software.



INTRODUCTION

The first step in establishing a plan for improvement & modernization of the Edwards
Digital Switch (EDS) is in knowing where we are and what we have now.  This will
allow us to establish the current operational baseline switching capability.  We must also
assess any known shortfalls with the current switch and identify future operational
requirements. Then we can seek alternative solutions for achieving the desired future
switching capability.

BASELINE SWITCHING CAPABILITY

The EDS provides advanced voice networking capabilities to the Edwards Test Range
and consists of six groups of configuration items:

1. System-level controls and monitoring are centralized in the control and display
subsystem (CDS).  Workstations provide subsystem-level control and monitoring.

2. The central switching subsystem (CSS), as the primary interface with the range
environment, provides system connectivity to radios, telephone circuits, and
communications links to other facilities.  It integrates the EDS with links to the control
room switching subsystems (CRSS).  Each CRSS connects individual user stations within
a mission control room (MCR) or other localized area.

3. The user equipment element consists of a subscriber terminal unit (STU), channel
expander, and interface panels for headsets, foot switches, and speakers.

4. The remote radio control unit optimizes usage of available frequencies, allowing
control of tunable radios from the CDS.

5. The site selection unit facilitates the handover of voice communications between
receiver sites when a long-range test is monitored.

6. The system architecture is based on a central system-level control element, a
central switch, multiple subsystem-level control elements, multiple subsystem switches,
and end-equipment items that are interconnected through the switch network.

The EDS combines multiple voice communications applications in a single system.  The
system has been expanded to integrate voice and data switching.  Its major function is
support of multiparty-networked voice communications within MCRs and between other
test participants.  Other voice functions are an intercom capability including direct access
(hot line) and indirect access (dial-up), subscriber loop connections to the base-level
telephone exchange, and the public switched network system.  Digital interfaces allow
integration of cipher text data and TSPI data switching functions.

Systems based on the EDS design have also been installed by the Air Force at Eglin AFB
and by the Navy at China Lake.



The EDS acquisition and development project began in 1985.  A multiyear, fixed-price
requirements-type contract was awarded in April 1989 for a system based on T-1
signaling and using major components already in wide use within the public switched
telephone network.

Some components within the system are COTS items while the contractor developed
many units, along with much of the integration software.  The Air Force opted not to
purchase the data rights for those items, which remains proprietary with the contractor.

The system has been in operation since 1994.  In October 1996, a sole-source contract
was awarded to the developing contractor for further enhancements and sustainment.
Since the installation of the original CSS, and three CRSS the entire system has been
expanded to include seven control rooms at the Ridley Mission Control Center and four
at the Birk Flight Test Facility.  The entire system has been upgraded for Y2K
compliance.

Recent reviews indicate that the primary user interface is becoming more prone to failure
and replacement parts are increasingly more difficult to procure.  The core system
components continue to operate with little or no problem.

CURRENT SYSTEM ELEMENTS and ARCHITECTURE

The EDS includes features to meet the security requirements of numerous Special Access
Required programs.  Each switching subsystem consists of two separated and isolated
switches, a RED switch and a BLACK switch.  Although both use the same switching
technology, extensive shielding and filtering and the use of fiber-optic trunks
substantially reduces emissions from the RED switch elements.  This RED/BLACK
separation is extended to the user position.  The need to compartmentalize programs with
critical security requirements is met by the hierarchical switching architecture.  The
system is partitioned into elements.  Switching for each of these elements is performed by
the CRSS assigned to the element.  Although the CSS accomplishes interfaces to external
circuits, such as radios, and interconnection with other MCR, sensitive communications
can be contained within a specific MCR.

The basic EDS switching units are AT&T Digital Access and Cross Connect Switches
(DACS II).  They are time division digital switches that connect to the external network
through T-1 ports.  Internally, each T-1 frame is broken into its 24 individual DS-0
channels, which are recombined into a T-1 frame at the destination port.  A wide variety
of switching modes can be configured for each DS-0 channel under dynamic external
control.  The DACS II is available in 160 and 320 DiGroup sizes.  Each size can be
procured with zero DiGroup and populated to maximum size with modules that support
two full duplex T-1 ports (Dual DiGroups).

The EDS, shown in figure 1, contains a central core of control and switching equipment.
This central core consists of the CDS, the CSS, and the power distribution subsystem



(PDS).  The EDS capabilities can be expanded modularly.  At the AFFTC, the module of
expansion is the MCR.  An MCR contains CRSS and a number of user equipment sets.

Figure 1.  EDS Architecture

Operation of the EDS is controlled and monitored from the CDS.  The CDS consists of
dual redundant network control computers and two operator workstations.  There are also
provisions for remote operator workstations.

The contractor produced the CDS applications software.  This software, in addition to
making and breaking all connections, configures all interfaces and continuously runs
diagnostics on off-line system elements.

The CSS provides the major interface between the EDS and external circuits,
interconnects users in multiple MCRs, and serves as the entry switch for users located
outside of an MCR.  The CSS contains two 320-line DACS II frames each with a
capacity of 7,680 voice circuits.  A separate frame is used for the RED and the BLACK
section.  Neither frame is fully populated, but each can be expanded to its full capacity
with readily available modules.

Each CRSS contains two 160-line DACS II frames, partitioned into RED and BLACK
sections.  This smaller size easily accommodates the various MCR sizes.



The primary user interface was developed around a STU with capabilities to provide the
user with access to BLACK/RED voice channels.  The following channel configurations
are in use: 9/9, 15/3, and 18/0.  To provide even greater channel capacity, station channel
expanders (SCE) are also available in the 9/9 and 18/0 channel configurations.  Up to
three SCEs can be attached to each STU to make a maximum configuration of 72
channels.  A variety of user interface panels are available to customize the user position.
Each STU contains output and volume controls for two-user headsets.  The headsets with
accompanying hand switches are plugged into a Type I Remote Headset Interface Panel.
Foot switches are available if preferred.  The position can be expanded to accommodate
four personnel using the Type II Remote Headset Interface Panel that includes a separate
pair of volume controls as well as headset jacks.  For positions where a loudspeaker is
preferred, it can be interfaced via the STU speaker panel.

Two EDS auxiliary units improve the management of ground-air radio assets, the remote
radio control unit (RRCU) and the site selection unit.  They operate together to increase
the capability of the EDS operators to control the radios and ease the support of extended
flights.

The RRCU controls the tuning frequency at remote sites based upon instructions entered
by the operator at the CDS console.  It also reports error status to the CDS operator if the
radio does not accept the information.  The unit can interface to either GRC-171 (UHF)
or GRC-211 (VHF) radios.

NETWORKED COMMUNICATIONS

The EDS permits the creation of large networks, which allow communities of common
interest to communicate throughout a test mission.  The construction of common
networks for multiple missions is eased by the capability to combine networks into a
master network without losing the identity of the individual networks.  In this manner,
complex operational networks can be assembled and stored in advance to support test
missions.

The CSS has provision for 192 two-wire interfaces.  Each simulates a standard telephone
set to the local exchange.  Any of these interfaces can be connected to one or several
STUs.  Using the STU keypad, the user connected to a two-wire interface has the
complete equivalent of a standard telephone set integrated into the user position.

DIGITAL CONNECTIONS

Since the EDS is a digital network, it is easily configured to transmit encrypted voice and
voice-rate digital data.  It provides a system-level solution to the problem of distributing
classified communications in a secure, straightforward manner.  Although originally
designed to interface voice data in analog form, the EDS provides for direct T-1
interfaces.  These allow intermixed voice and data from other ranges to enter the EDS
and be switched to a final output without separating the multiplex out in channel banks.



Voice can be switched directly to STUs or radios, encrypted data directed to decryption
equipment, and digital data such as inter-range TSPI can be routed as required.

CURRENT SHORTFALLS

The use of off-the-shelf hardware and software components for the EDS was a key
performance parameter that was intended to eliminate problems encountered in
maintaining a previous generation system.  The requirements for the EDS were based
upon increased capacity, security, and the use of standard as opposed to proprietary
implementation. These concerns were stressed when developing the EDS.  However,
when the CDS, along with its interfaces, was developed we have found ourselves still in a
proprietary dilemma.

When developed, the CDS was thought to have a service life of 20-30 years.  However,
based on experience to date, this was an overoptimistic estimate.  Now with technology
emerging at an accelerated rate it is difficult to maintain these components.  Industry is
producing and developing next generation equipment and rapidly decreasing production
of replacement parts for currently developed systems.

Similar issues exist for support of the AT&T DACS II switches.  The intended service
life for these units was 40 years.  We believe this to be a credible estimate.  However, at
some point in time these units will undoubtedly require service.  Will that support be
available in the next 10 to 15 years?

Of equal concern is the current functionality of the system.  The system currently
installed has a large amount of excess capacity and was designed with expansion in mind.
Will this excess capacity be required to meet the requirements of our customers in the
future?

The EDS was designed to support voice and TSPI data within the same switching fabric
well into the 21st century.  However, It is becoming increasingly evident that within 5-8
years the system, or portions of it, will become unsupportable.

Additionally, we need to continue to work toward having a flexible system that is
designed to comply with open system standards.

FUTURE FLIGHT TEST NEEDS

Some of the projected changes that may impact future switching capabilities:

• The trend away from the single large mission control room paradigm.  The
availability of affordable gigabit-terabit/second fiber-optic carrier systems has
created an opportunity for a paradigm shift to “virtual” mission control rooms,
in which the mission team members may be geographically dispersed.



• The trend toward merging different data streams (such as voice, video, and
data) so that individual data types are transparent to the common carrier
systems.

• The trend toward supplying gigabit/second data streams directly to the
desktop.

Some of the design features embodied in the current system should to be reexamined:

• The need for a stand-alone voice switch to satisfy our “unique” voice
networking requirements.

• The need to continue to support many different network connection types.
Some of the more esoteric connection types, which were developed
specifically for air traffic control within the R-2508 restricted airspace, were
never actually used.

• The need to continue to switch low rate TSPI data streams through the voice
switch?  Perhaps this could be better accomplished by another mechanism?

• Should we combine voice with video switching?

ALTERNATIVES

The alternatives described below were determined by the need to modernize all or part of
the existing system.

1. Replace the CDS and the STUs and retain the DACS II equipment.  The
advantage is the potential to lower the initial investment cost by retaining the
DACS IIs.  The disadvantages include the difficulty interfacing new with retained
equipment, future support for the DACS IIs, and the likelihood of ending up with
another situation in which we are the only customer for a proprietary product
offered by a single vendor.

2. Replace the entire system.  Advantages include a fresh start with a solution
designed to fit our long-term modernization plans and lower life cycle cost.  The
disadvantage is higher initial investment cost.

CONCLUSION

Our recommendations are to (1) investigate various options for implementing the desired
modernization alternatives; (2) determine the best course of action in anticipation of
modernizing, upgrading, or replacing the current system; and (3) pursue an ongoing
dialogue on the subject with industry, the academic community, and with other
government agencies.
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ABSTRACT

We explore the idea of matching a scaling function - the basic building block of a wavelet function - to a
desired spectrum. This would allow the scaling function to be used as the signal pulse for a digital
communication system that is matched to the channel, avoiding problems such as energy loss or noise
amplification due to spectral nulls. An unconstrained parameterization of the scaling function coefficients
represents the scaling functions. This parameterization is adapted using gradient descent. Tests indicate
that the adaptation is able to capture major features of a desired spectrum, including spectral nulls and
major lobes.
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INTRODUCTION

In most digital communication systems, the signalling waveform shape is chosen primarily without regard
to the channel through which the signal passes, except for the most pressing consideration of channel
bandwidth. Thus, close attention is paid to spectral efficiency in signal selection, and waveforms such as
GMSK or square-root raised cosine are frequently used [1]. However, there are other influences in a
channel that may have bearing on the signal design. Consider the common circumstance in which the
passband of the channel is not a perfect bandpass filter; more specifically, consider the case in which there
is a significant notch in the passband. Ideally, less power should be expended at such frequencies, since
they are attenuated by the channel. Or consider the case that the noise power spectrum density (PSD) is
not white. Then the transmitted power should ideally be concentrated at those frequencies where the noise
PSD is smallest. In fact, information theory prescribes exactly such a signal design in order to achieve
capacity [2, Chapter 8]. Influences such as channel spectrum and noise spectrum are frequently dealt with
at a receiver using equalizers or whitening filters, but these are suboptimal approaches. In conjunction with
these methods there is the possibility of explicitly shaping the transmitted waveform to match some desired
spectrum based on the channel and noise. In combination with other techniques, such as preceding to shape
the correlation structure of the waveform, there is thus considerable flexibility available to the system
designer in matching the signal to the channel. This moves us closer toward the view of digital
communication expressed by Blahut [3, p. vii]:



We can give a whimsical definition of a digital communications system as a communication
system designed to best use a given channel, and an analog communication system as one
designed to best fit a given source. The spectrum of a well-designed digital communication
waveform is a good match to the passband characteristics of the channel; the only way the
source affects the spectrum of the waveform is by the bit rate.

In many channels, the response or noise PSD may change over time, so it is desirable to provide for
adaptation of the transmitted waveform. This suggests the need for a parameterized signal that can be
tuned, or adapted, to the changing channel. The goal of this paper is to introduce a parameterized family of
waveforms which can be tuned to provide some degree of match to a desired spectrum D(T). These
waveforms could be used as the baseband waveforms for a digital communications system, where D(T)
represents the signal desired spectrum as determined by the channel response and the noise PSD. (The
problem of determining D(T) is not addressed by this paper; the literature of channel and spectral
estimation introduces several approaches to the problem in a communications setting.) Another approach
to this problem has also been explored in [4].

The family of waveforms explored here are instances of scaling functions (associated with wavelet
functions). These offer many potentially interesting attributes in a communication setting, such as
bandwidth efficiency, multi-scale transmission, and performance benefits in fast fading channels [5]. Using
a parameterization due to Zou and Tewfik [6], scaling functions may be parameterized by only a few
parameters. Hence, they make interesting candidates for baseband waveforms.

SUMMARY OF WAVELET PARAMETERIZATION

Scaling functions are the basic building blocks of dyadic wavelet transforms. A scaling function N(t) is a
low-pass function that satisfies the two-scale dilation equation [7, 6]

(1)

Wavelets are built from scaling functions using a two-scale relation

In order to satisfy orthogonality requirements of wavelet transforms, the sequences of coefficients {ck}
must satisfy the the constraints

(2)



for m = 1,...,M - 1, where M is said to be the number of vanishing moments of the scaling function. The
number of coefficients N must be even. Also, the {dk} coefficients satisfy

(3)

that is, they are reverse in order, and alternate in sign. Subject to (2) and (3), the set of functions                 
                                                forms an orthonormal basis for            [7]   . As the coefficients {ck} are
changed, subject to (2), various scaling and wavelet functions are produced.

Suppose now that some desired spectrum D(T) is specified, and it is desired to determine a scaling
function N(t) whose transform             matches the desired spectrum as closely as possible, so that               
                             is minimized. We will use the L2 norm, so that

(where only the positive frequency terms are used because of an assumed symmetry). Let c denote the
vector of N parameters, c = [c0, c1,..., cN-1]

T. We will represent the parameterization of the scaling function
by                  .   The minimization problem can be stated as

subject to the conditions in (2).

Satisfying the constraints in as stated in (2) is quite complicated. However, there is a different
parameterization of c which automatically enforces the constraints. Let

and

be the discrete-time filters corresponding to the coefficient sequences. The polyphase representations of
H(z) and G(z) are obtained by collecting the even- and odd-exponent terms together as



This can be written in matrix form as

(4)

It can be argued [6, 8,
9] that if the matrix E(z) is lossless, then constraints (2) are satisfied, where a lossless matrix E(z) is a
stable matrix for which

and where

and where E* indicates conjugation of the coefficients without conjugating z. If we restrict our attention to
purely real filters, we have

A parameterization for a lossless matrix is thus a parameterization for a scaling function. It can also be
shown [10, 11] that every 2 x 2 lossless matrix E(z) of degree k can be written as

where

where H indicates conjugate transpose, and where vi is a unit vector. The matrix V0 is a constant unitary
matrix, which we will take as

Without loss of generality, we can take

Since H(z) has N coefficients, the polynomials in E(z) of (4) has N/2 coefficients (degree N/2 - 1), so it can
be parameterized as

Using (4), we now have a parameterization of the coefficients of H(z) in terms of 2 = {20,21,... ,2N/2-1}, and
these parameters are unconstrained. The vanishing moment condition can be shown [6] to lead to the
condition that 20 = 3B/4. There are thus N/2 - 1 free parameters 20,21,... ,2N/2-1 to describe the scaling
function with N coefficients. We will let the scaling function 2 parameterized by the coefficient set 2 be
denoted by 2(t; 2), and its Fourier transform by                  .



SPECTRAL PROPERTIES OF SCALING FUNCTIONS

Let                                           denote the Z-transform of the scaling coefficient sequence. By (1) and the
properties of Fourier transforms, if follows that

and, by induction,

since                                    . In practice, the infinite product is approximated by choosing some finite
upper limit.

For the problem of matching a scaling function to a desired spectrum D(T), we want to minimize

(5)

GRADIENT DESCENT OPTIMIZATION

Let                                                     denote the parameter set at the pth iteration of the algorithm. The
gradient descent update of 2 is obtained from

where µ is a step size parameter. The gradient can be computed from The gradient can be computed as
follows:

(6)

(7)

where (6) follows since the energy of N does not depend on the coefficients and (7) follows since D(T) is
not a function of 2. Then the gradient can be computed as,

(8)

To be practically implemented, this product must be truncated at a finite number of terms, P. Let

(9)



Then

Because of the product, it is convenient to using the logarithmic differentiation rule Lf = f L log f to obtain

(10)

(11)

where

with

The integral in (7) may be discretized for rapid computation, and written as

(12)

where Np represents the number of discretization intervals and Td represents the frequency points of
interest. By iteratively running the loop either till J(2) has a satisfactory minimal value or until a minimum
is reached, a good estimate of the parameter 2 can be made.

Figure 1:  A plot of J(2) and its derivatives.



Figure 2:  A plot of J(2) and its derivative. The plot J represents J(2) and delJ1 the derivative of J(2) with
respect to the parameter 21. The plot of J shows more than one minimum.

TESTING

Because of truncation in the infinite product, the derivative is only an approximation to the true derivative.
This is demonstrated in figure 1, which shows J(2) and its derivatives with respect to 21 and 22. In this
figure, the desired spectrum is obtained from a four-coefficient scaling function. The horizontal axis in the
figure is the 22 parameter, and the other parameter is fixed. When 22 = 2, J(2) = 2, but the computed
derivatives, indicated by delJ1 and delJ2, are not zero at the point of minimum, due to truncation.

As with most gradient descent methods, there is always the potential for the algorithm to converge to a
local minimum. This combines with the approximate gradient problem to lead to only approximate
solutions. As an example, figure 2 shows J(2) (again where D(T) is a scaling function) as a function of a
parameter 2 and also the derivative with respect to 2. As observed before, the gradient is not zero at the
points of minimum (because of the approximation). If the starting value of 2 = 0.9 is used, the gradient
descent algorithm converges to a final value of 2 = 1.135 (the value where the derivative is zero), and if
the starting point of 2 = 2.2 is chosen, the gradient descent algorithm converges to 2 = 2.718.

Figure 4(a) illustrates a desired spectrum D(T) generated at random with only one side lobe. With N = 6
parameters, starting from an initial 2 of (3.1, 2.0), the gradient descent algorithm gave a final solution of  
2 = (2.0, 0.246), producing the scaling function shown in figure 4(b). After convergence, J(2) = 13.14.
Note that the algorithm has found a function which captures the major features of the desired waveform,
including the point of zero spectrum and the presence of the sidelobe, but has not captured all the fine
detail.

Figure 3(a) illustrates another randomly selected desired spectrum D(T) having multiple lobes. Figure 3(b)
illustrates the scaling function spectrum found by gradient descent when N = 4, starting from 2 = 3.1 and
converging to 2 = 0.322. Figure 3(c) illustrates the spectrum when N = 6, starting from 2 (3.1, 1.0) and
converging to 2.969, 0.621); the fitness function was J(2) = 11.60. Figure 3(d) illustrates the spectrum
when N = 8 starting from 2 = (3.1, 1.0, 2.5) and converging to (0. 289, 0.445, 2.62), with J(2) = 15.0186.



In each case, the major features of the desired spectrum are found, including the locations of the zero
response frequencies and approximations to the peaks.

Figure 3:  A desired signal spectrum generated randomly for checking the performance of gradient descent
algorithm, and matched spectra for values of N

SUMMARY

A method of matching scaling function waveforms to desired spectra has been discussed using gradient
descent on an unconstrained parameterization of scaling functions. Tests indicate that due to
approximations in the spectrum the gradient descent produces results that are biased and may converge
only to a local minimum. Nevertheless, tests with randomly generated desired spectra indicate that the
major features of a spectrum are obtained when the algorithm is used.

Application of this may be appropriate to slowly varying channels with spectral nulls, for which
transmission of energy at spectral null frequencies would be wasteful and for which equalization would be
difficult. Because it is a gradient descent approach, the method may be appropriate for an on-line
adaptation technique when used in conjunction with an on-line channel estimator.



Figure 4:  A desired spectrum generated randomly with one sidelobe, and its wavelet match
using gradient descent. side lobe
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ABSTRACT

Telemetry for Earth-Observation missions is characterized by very high data rates and stringent
requirements. Channel codes both power and bandwidth efficient must be used to improve down-
link performance and to achieve the very low values of error rates needed at the received side. In
this paper, we review and analyzed three codes of possible interest for these applications: turbo
codes, serial turbo codes and product codes. These schemes are evaluated and compared both by
simulation and analytical techniques. A particular attention is devoted to complexity, a key issue for
practical implementation at high data rates.
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INTRODUCTION

Space missions for Earth Observation (EO) are becoming more and more important. Synthetic
Aperture Radar (SAR) and high resolution/wide swath optical imagers are used to produce always
increasing amounts of data. These data are stored on board and down-linked to Earth when the
ground stations become visible. The down-link performance are a crucial issue for mission design:
if the data flow became a bottle-neck, the duty cycle of the instrument must be limited. In this
context, a high telemetry transmission efficiency is essential.

CCSDS (Consultative Committee for Space Data Systems) is currently investigating new channel
codes to update its recommendation for telemetry channel coding [1] with the aim of supporting
higher data rate EO transmissions. Currently, most of the codes included in [1] are coding schemes
with limited code rates, not specially designed for bandwidth efficiency or designed for deep space
applications characterized by low data rates and no particular bandwidth problems. As a
consequence, these codes were chosen aiming to maximize the coding gain, rather than to satisfy
the requirements essential for Earth observation applications.



REQUIREMENTS FOR EARTH OBSERVATION TELEMETRY

The requirements for EO applications are extremely stringent. They are reviewed and discussed in
the following.

Data rate: The data rates R for these applications will be very high. They will range from a few
Mbps to hundreds of Mbps. Some applications (for example Tracking and Data Relay satellites) are
planned for the 500 Mbps region.

Bandwidth efficiency: Currently, CCSDS supports only 2-PSK and 4-PSK modulations (8-PSK is
currently being discussed for the future). High data rates and spectral crowding from many satellites
will limit the available bandwidth. To obtain a large bandwidth efficiency, binary codes with high
code rate, near to the unity, are required. In the following, we will focus on code rates not less than
0.75 = 3/4, i.e., spectral efficiencies not less than 1.5 bps/Hz over a 4-PSK.

Power efficiency: The transmitted power, from Earth observation satellites of small dimension, will
be a limited resource. The new codes should be able to achieve large coding gains.

Error Rates: Telemetry data are collected in packets and transmitted in frames. In line of principle,
almost any frame length ranging from 0 to 16384 is acceptable. Any transmitted frame has an error
control field of 16 bits added by a Cyclic Redundancy Check (CRC) code, used for frame integrity
validation at the receiver side. In this context, Frame Error Rates (FER) are more important than Bit
Error Rates (BER). The image compression techniques used for near-Earth observation will impose
a severe constraint on the FER. In some cases, very low values of FER will be required, even as low
as FER ≈ 10−8.

Complexity: The complexity of the encoder/decoder algorithms must be limited. Their practical
implementation will be particularly critical because of the high data rates involved. (This
consideration is most of all true for the encoder implementation, that must be allocated on board).

CODES ALREADY INCLUDED IN THE CCSDS TELEMETRY
CHANNEL CODING STANDARD

The coding schemes currently standardized in [1] are:

•  CRS: a (255,223) Reed-Solomon code with 8-bit symbols and Error Correction Capability
ECC = 16 symbols.

•  CRS8: a (255,239) Reed-Solomon code with 8-bit symbols and ECC = 8 symbols.
•  CCC: a 64-state, rate-1/2 binary convolutional code.
•  CCC2 (rate-2/3), CCC3 (3/4), CCC5 (5/6), and CCC7 (7/8): a class of 64-state binary

convolutional codes obtained by puncturing the rate-1/2 code CCC.
•  All possible serial concatenation of a Reed-Solomon code (CRS / CRS8) (outer code) and a

convolutional code (CCC / CCC2 / CCC3 / CCC5 / CCC7 ) (inner code) through an interleaver of
(n⋅I) bytes, where n is the Reed-Solomon codeword length and I = 1,2,3,4, or 5.



•  CTC: a family of turbo codes with nominal rates 1/2, 1/3, 1/4, or 1/6, composed by two 16-
state, rate-1/4 convolutional codes and an interleaver with length ranging from 1784 to
16384 bits.

DESCRIPTION OF THE CODING SCHEMES UNDER STUDY

In this Section, the coding schemes considered in the paper are briefly described.

Turbo codes: Turbo codes, invented in [2], has revolutionized channel coding theory. Their growing
success and their introduction in many important international standards (UMTS for third
generation mobile telephony, DVB for digital video broadcasting, CCSDS for low rate deep space
telemetry) has generated an enormous interest for new or reinterpreted codes, able to approach the
Shannon limit as never before.

A turbo code is composed by two binary systematic convolutional codes, connected in parallel
through a block interleaver of length N equal to the data frame length F [2]. At the receiver side, it
is decoded by iterating the BCJR algorithm [3] on the constituent convolutional codes. Turbo codes
were invented as binary codes with low rate, usually less than 1/2. Higher rates can be obtained by
puncturing. A proper approach to maximize the performance of punctured turbo codes has been
presented in [4]. The turbo code encoding algorithm is simple to realize. On the contrary, the
decoding complexity must be properly taken in account, because of the high data rates involved for
EO applications.

Turbo codes are characterized by coding gains extremely large for low/medium Signal-to-Noise
Ratio (SNR), very close to the theoretical Shannon limits. However, it is well known that their
performance may be not so good at very high signal-to-noise ratios (very low error rates), where the
�error floor� occurs. In this region, the performance of any binary code is dominated by its
minimum distance dmin (the minimum Hamming distance between codewords which coincides with
the minimum Hamming weight of a nonzero codeword for linear codes) and its multiplicity. In
some cases, concatenated codes with interleavers may have very low minimum distances, despite of
very large interleaver lengths. This causes their performance curves to flatten according to the slope
imposed by dmin, after the typical �water-fall� decrease at low signal-to-noise ratios. This behavior
must be taken in account when studying solutions for EO applications, which require very low FER
values. In this paper, we will consider two different classes of turbo codes: (1) punctured CCSDS
turbo codes, with 16-state constituent encoders, obtained by external puncturing of CCSDS turbo
codes, and (2) turbo codes with 8-state constituent encoders.

Serial turbo codes: A Serially Concatenated Convolutional Code (SCCC) is composed by two
binary systematic convolutional codes, serially connected through an interleaver [5]. SCCC with
high rates can be obtained, for example, by puncturing [6]. With comparable decoding complexity,
SCCCs have usually slightly worse performance than turbo codes at high/medium error rates.
Anyway, SCCCs may potentially outperform turbo codes at low error rates thanks to larger
minimum distance values. In this paper, we will consider three classes of SCCCs, that will be
described later on.



Product codes: In their simplest form, product codes are obtained by writing the information bits in
a square matrix (k× k), and by encoding the rows and the columns with an (n,k) block code that adds
(n−k) parity check bits. This way, one obtains an (n2,k2) square product code. At the receiver side,
soft-output decoding algorithms are used to decode rows and columns. By iterating the decoding
process, product code error rate performances improve, similarly to those of turbo codes. Decoding
algorithms simpler than the BCJR algorithm have been successfully studied and applied [7].
Usually, product codes achieve slightly worse performance than concatenated codes at low signal-
to-noise ratios. Their big advantage stays in their large minimum distance, equal to the square of the
constituent code minimum distance. In line of principle, product codes should outperform
concatenated codes at very low error rates. However, the role of their multiplicity, that can be very
high (and huge in some cases) cannot be undervalued. In this paper, we will consider product codes
with constituent Hamming codes.

METHODS OF ANALYSIS

The performance of the considered coding schemes have been analyzed both by simulation and by
analytical techniques. At high/medium error rates (e.g., Frame Error Rates higher or equal to 10−5)
simulation has been employed. All the simulation points have been evaluated with at least 100
erroneous frames. At low error rates, reliable simulations are too long and practically unfeasible. In
this region, analytical techniques can be employed. In fact, at high SNR the performance of any
binary code is dominated by its minimum distance dmin and its multiplicity.

Let us consider a C(n,k) code of rate R = k/n, with minimum distance dmin, multiplicity Amin (defined
as the number of codewords with Hamming weight dmin) and information bit multiplicity wmin
(defined as the sum of the Hamming weights of the Amin information sequences generating the
codewords with weight dmin). We can relate the BER and FER expressions to the ratio between the
energy per information bit Eb and the one-sided noise spectral density N0. At high signal-to-noise
ratios (i.e., at low error rates), we can write:
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In this region, in fact, the code performance practically coincides with the expression of the union
bound, truncated to the contribution of the first distance. For concatenated codes, a small penalty
(usually less than 0.5 dB) must be also taken in account, due to the sub-optimality of the iterative
decoding. These BER and FER expressions are often called the code �error floor�. This analytical
approach requires the knowledge of the code minimum distance and its multiplicity. An algorithm
to compute the minimum distance of turbo codes and serial turbo codes was presented in [8].
Moreover, the exact computation of the minimum distance and the multiplicity of Hamming turbo
codes has been provided in [9].



PUNCTURED CCSDS TURBO CODES

The CCSDS turbo code CTC of [1] is composed by:

•  Constituent codes: two equal 16-state, rate-1/4 convolutional codes with feedback
polynomial (1+D3+D4), and feedforward polynomials (1+D+D3+D4), (1+D2+D4) and (1+D+
D2+D3+D4).

•  Interleaver: Algorithmic, Berrou interleavers with length N = 1784, 3568, 7136, 8920, or
16384 bits (equal to data frame length F).

The nominal rates of CTC range from 1/6 to 1/2. By applying an external puncturer, higher code
rates can be obtained. To do this, we have considered only the first feedforward polynomial. The
basic encoder is depicted in Figure 1. By varying the puncturing pattern, we have studied Punctured
CCSDS Turbo Codes (PCTC) with:

•  Nominal code-rates: 3/4, 7/8, 8/9, 11/12, and 15/16.
•  Data frame length: F = 1784, 7136, or 8920 bits.

Figure 1: Punctured CCSDS turbo encoder
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These schemes have been analyzed both by simulation and by evaluating their error floors. As an
example, we report here the performances of the rate-7/8 PCTC with F = 8920. For this code, we
have computed (dmin/Amin/wmin) = (5/79/316). In Figure 2 its error floor is compared against a
simulation curve corresponding to 15 iterations of the BCJR algorithm. The slope change is evident,
together with the match between the simulation curve and the error floor at low FER. An enormous
time amount would be necessary to analyze the code performance at low error rates (e.g., FER less
than 10−6) by simulation. Instead, they are clearly delineated by the error floor slope.



Figure 2: Simulated performance vs. error floor for rate-7/8 PCTC
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8-STATE TURBO CODES

In this Section, the performance of PCTC schemes are compared against turbo codes composed by
8-state (instead of 16-state) convolutional codes. Two different interleavers have been considered:
spread interleavers and the same Berrou interleavers employed by PCTC schemes.

Decoding of 8-state turbo codes is less complex than PCTC decoding. However, as expected, their
performance are inferior to those of PCTC, especially at low error rates. Let us consider the same
rate (7/8) and data frame length (8920 bits) considered in the previous Section. By computing the
minimum distances and the multiplicity of the 8-state turbo codes we have obtained (dmin/Amin/wmin)
= (2/4/8) for the spread interleaver and (dmin/Amin/wmin) = (4/269/1076) for the Berrou interleaver.
Both these distances are lower than PCTC minimum distance. Then the asymptotic performance of
PCTC are better than those of 8-state turbo codes, as confirmed by the simulation results depicted in
Figure 3, referred to 15 iterations.

Note that 8-state turbo codes were chosen as channel codes of UMTS third generation mobile
telephony standard. A more complete comparison between PCTC and 8-state turbo codes can be
found in [10].



Figure 3: Simulated performance for rate-7/8 codes: 8-state turbo codes vs. PCTC
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SERIAL TURBO CODES

In this Section, we consider three different SCCC schemes. The first one, called �SCCC 8/8�
employs equal 8-state inner and outer rate-1/2 convolutional codes. The second one, denoted by
�SCCC 4/4� has equal 4-state inner and outer rate-1/2 convolutional codes. The last one, called
�SCCC 8/2� employs an outer 8-state rate-1/2 convolutional code and an inner rate-1 differential
encoder. As an example, the SCCC 8/8 encoder is reported in Figure 4. Two puncturer, acting on
the parity sequences of the two encoders, are used to increase the code rate. As for the decoding,
SCCC 8/8 schemes have decoding complexity comparable to PCTC, while SCCC 4/4 and SCCC
8/2 complexity is lower.

Figure 4: SCCC 8/8 encoder
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The considered punctured serial turbo codes behave worse than PCTC both at low and high error
rates. As an example, the performance of the analyzed serial turbo codes are reported in Figure 5,
and compared with PCTC performance, for the same rate-7/8 and data frame length 8920 bits
considered before.

Figure 5: Simulated performance for rate-7/8 codes: SCCC vs. PCTC
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PRODUCT CODES

In this Section, we consider product codes employing equal extended Hamming codes. The
minimum distance and the multiplicity of extended Hamming codes can be computed by applying
the procedure described in [9]. Given a Hamming product code, it is possible to adapt the data
frame length by shortening the column code, the row code, or both. As an example, starting from
the Hamming product code (EH6)2 = (64,57)2 = (4096,3249), we have designed a shortened product
code able to realize a data frame length of about 1784 bits and a code rate near to 3/4. The code
(45,38)x(54,47) = (2430,1786), obtained by shortening the column and the row code of 19 and 10
bits, respectively, achieves a code rate equal to 0.735. The minimum distance and the multiplicity of
this code are equal to (dmin/Amin/wmin) = (16/13,073,136/156,551,688). For comparison, a punctured
CCSDS turbo code with data frame length 1784 bits and nominal rate 3/4, can be considered. The
simulated curves (15-iterations in the decoding process) and the error floors of the two codes are
compared in Figure 6. We can observe that PCTC is better than the considered product code down
to FER ≈ 10−5. For lower error rates, product code performances are better. This behaviour is
supported by the error floor curves, that also cross at approximately the same value.



Figure 6: Simulated performance for rate-3/4 codes: Product code vs. PCTC
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Product coding looks a very powerful solution, competitive with PCTC, especially at very low error
rates. As for the decoding complexity, it is worthwhile to mention that some commercial
implementations are already available, working up to some hundreds of Mbps.

CONCLUSIONS

In this paper, we have analyzed three coding schemes for possible applications to EO missions.
First, we have verified that punctured turbo codes require at least 16 states to be competitive with
other solutions. Punctured CCSDS turbo codes, obtained by external puncturing of the CCSDS 16-
state turbo code CTC, represent a pragmatic and powerful solution. In line of principle, a single
component with external puncturing could range from very low (1/6) to very high code rate (15/16).
So, these codes look particularly interesting as a short/medium term solution for missions with not
too high data rates (for example R <10 Mbps). As for serial codes, puncturing may seriously reduce
their performance. The scheme employing an inner differential encoder was the most interesting
one within this class.
Product codes outperform punctured CCSDS turbo codes at extremely low error rates (FER less
than 10−7). At the contrary, CCSDS turbo codes win at high/medium error rates (FER higher than
10−5). The required error frames will then be a key issue for the comparison between the two
schemes. Solutions able to further improve the performance of both PCTC and product codes are
currently under study.
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ABSTRACT

This paper presents initial results of an investigation on bandwidth efficient waveforms for telemetry,
tracking and commands (TT&C).  Included in the investigation are waveforms that are currently being
considered by the International Consultative Committee for Space Data Systems (CCSDS) and
American Institute of Aeronautics and Astronautics (AIAA) for standards, advanced waveforms and
others that have the potential to become future standards.  The goal of this investigation is to
recommend a suite of bandwidth efficient modulation schemes for further investigation. This suite of
modulation scheme should be suitable for various TT&C applications with data rates ranging from a
few hundreds Bit Per Second (bps) to a few hundreds Mega bps (Mbps).  First, the philosophy of
waveform evaluation is described. The description includes a list of waveform attributes leading to
quantitative and qualitative figures of merit for bandwidth efficient waveforms. Then quantitative
results for the two most important waveform attributes (bandwidth efficiency and bit error rate
performance) are presented. These results will be used by a follow-on study to significantly reduce the
number of candidate waveforms, so that all attributes can be more thoroughly evaluated.

KEYWORDS
Improving Use of RF Spectrum, Security/Frequency Allocation, Frequency Encroachment, High Data
Rates, Modulation/Multiplexing.

INTRODUCTION

The objectives of the telemetry, tracking and command (TT&C) function of the Air Force Satellite
Control Network (AFSCN) are two-fold: (1) to ensure that satellites in its care are injected into the
correct orbits, and (2) to ensure that they are positioned in proper locations and maintained in good
health throughout their mission duration.  Until now AFSCN provides its main service to DoD
satellites.  Several other satellite control networks have existed to serve other satellites’ needs.  In
particular, Navy, NASA, as well as private organizations have networks in addition to AFSCN.  There
is an awareness that cost savings can be achieved if an integrated system can serve every satellite’s
needs.  Consequently, there has been increased interest in developing a standardized and interoperable
system across military services, NASA, NOAA (National Oceanography Administration Agency) and
commercial satellite programs. The desire for interagency cross support (Recommendation 4 in



[OASD 1999]) requires that AFSCN must consider the needs for bandwidth-efficient modulation
schemes for TT&C applications for all current and developing satellites.  Furthermore, it must also
anticipate the modulation schemes that will be utilized by future satellites that are yet to be developed.
On the other hand, it is difficult to implement every conceivable modulation scheme in AFSCN.
Hence an approach is needed to identify a tractable set of modulation waveforms that will satisfy
current and future satellite users and, additionally, provide a database to allow future satellite users to
select the schemes that will satisfy their specific TT&C needs.  The strong desire for efficient
spectrum utilization drives the need for bandwidth efficient modulation (Recommendation 10 in
[OASD 1999]).  Therefore the eventual goal is to phase out less bandwidth efficient approaches in
favor of a small set of highly bandwidth efficient waveforms once the needs of legacy satellites are
gone.

Unified S-Band (USB) and Consultative Committee for Space Data Systems (CCSDS) waveforms are
generally adopted by non-DoD agencies and commercial satellites.  To facilitate interagency cross
support, one of the major concerns in the selection of future waveforms for AFSCN applications is the
compatibility of the selected waveforms with the USB and CCSDS waveforms.  The AFSCN
downlink waveforms are compatible with the CCSDS and NASA standards.  The problem involves
the uplink waveform.  Currently, the AFSCN Space-Ground Link Subsystem (SGLS) uplink uses
ternary-FSK and is not compatible with USB and CCSDS waveforms.  It is highly desirable that
future AFSCN waveforms should be able to interoperate with USB and CCSDS waveforms, while at
the same time should be easily convertible to SGLS waveform.

The prior effort, Phase 1 of this study [Nguyen 1999], evaluated the waveforms related to AFSCN and
NASA-USB uplink operations, namely commanding and ranging.  Phase 1 compared SGLS, USB and
several other waveforms in terms of performance and spectrum efficiency.  The performance
attributes addressed were bit error rate (BER) for commanding and range accuracy for ranging.  The
spectrum efficiency attributes were bounded power spectral density bandwidth, out-of-band rejection,
and occupied bandwidth.  Phase 1 also addressed the impact of channel bandwidth shrinkage due to
the migration of AFSCN uplinks to S-band on the performance of SGLS, USB and other waveforms
of interest.

The goal of the current Phase 2 study is to down select the waveforms to a reduced set for further
evaluation in Phase 3.  This down-selection is based on Phase 1 results in [Nguyen 1999], the Phase 2
analysis in the linear environment (i. e., high power amplifiers operating under back-off conditions)
presented in this document, nonlinear BER performance results contained in literature, and our past
experience in evaluating waveform performance [Nguyen 1998] [Lui Nov. 1999].  The nonlinear
results do not include any assessment of the loss in packing efficiency due to spectral re-growth
generated by high power amplifiers operating near saturation.

The next phase, Phase 3, will start with a reduced set of candidate waveforms.  It is expected that
results from Phase 3 will show that a subset of the waveforms is clearly superior considering all the
attributes and the required future needs of AFSCN users.  A second down-selection will be made for
the final evaluation in Phase 4.  This set of waveforms can then be implemented in the future AFSCN,
from which a user can select an appropriate waveform.  With this in mind, future effort in Phase 4 will
involve the generation of performance results and databases on the implemented waveforms to allow a
user to make intelligent waveform selections.



ATTRIBUTES FOR EVALUATION
The purpose of this investigation is to identify a set of bandwidth efficient modulation waveforms for
future AFSCN use.  Toward that end, it is desirable to identify waveform attributes that can lead to
figures of merit (FOMs) for evaluating and recommending waveforms. A list of waveform attributes
and the rationale for using them in the evaluation process. Twelve waveform attributes have been
identified and are listed below.  This paper only focuses on the bandwidth efficiency aspect of the
waveforms.

1. Bandwidth Efficiency: Since our study focuses on bandwidth efficiency, this is the most important
attribute in the evaluation process.  The term “bandwidth” in digital communications is rather vague,
it can mean many different items, namely, occupied bandwidth, bounded power spectral density
bandwidth, necessary bandwidth, noise equivalent bandwidth, and required bandwidth. The
bandwidths addressed in this document are:

• Occupied bandwidth.

• Spectral roll-off (bounded power spectral density bandwidth).

The results are presented in Section 4.  Alternatively, bandwidth efficiency can be viewed as the
ability to pack information into bandwidth, i.e., the amount of data rate (in bits per second) or the
number of channels that can be successfully transmitted through a specific frequency band.

2. Power Efficiency: The Bit Error Rate (BER) performance is used as the FOM that provides a good
comparison in terms of power efficiency among the modulation schemes under investigation. Of
particular interest is the BER performance in an additive white Gaussian noise (AWGN) channel with
and without the use of High Power Amplifiers (HPAs) operating at saturation.

3. Upgradibility: The selected waveforms should be easily adaptable to other advanced waveforms
that may be used in the future.  As spectrum becomes a more precious commodity, it can be
anticipated that waveforms, such as M-ary PSK, that are readily extendable to higher order
modulation schemes without requiring additional bandwidth are desirable.  These waveforms are
especially attractive if they can be used with Trellis Code Modulation (TCM) to relax the power
requirement.

4. RFI Susceptibility: The following RFI susceptibility characteristics for the recommended
waveforms should be evaluated for comparison purposes:
• Adjacent channel tone interference (unmodulated carrier)

• Adjacent channel narrowband or wideband interference (modulated carrier)

5. Equipment Complexities: Recommended waveforms should be implementable with reasonable
complexity. Therefore, complexity of the transmitter and receiver for space and ground segments
should be evaluated and compared among the waveforms of interest.  This should be tempered with
the knowledge that what is complex today may not be complex in future years.  Issues related to
design that impact the users are also addressed. As an example, frequency and phase stability
specifications can have a strong impact on hardware design.



6. Backward Compatibility: Backward compatibility with current SGLS waveforms is desirable.
This attribute will not be a key factor in the waveform selection process, but it will be noted for
reference.  Similar to interoperability discussed above, the problem again involves the uplink
waveform.  Since legacy satellites are expected to be operational well beyond 2010, it is attractive that
a future AFSCN waveform can be easily converted to the ternary-FSK SGLS waveform for uplink to
these legacy satellites. For example, a BPSK waveform can be readily converted to ternary-FSK when
one uses a programmable modem.  Otherwise, when using a hardware-only modem, a new or different
modulation format or even data rate change usually requires a new modem.

7. Ranging Capability: It is desirable that the recommended waveforms for future AFSCN should be
able to perform both ranging and commanding/telemetry functions simultaneously.  This capability
will avoid the need to utilize a separate waveform to perform ranging.  The Phase 2 study has just
begun to address this and more study is needed.  The recommended waveforms should be able to
provide accurate range data in the presence of the transmitted data signal.

8. Signal Acquisition Performance: Signal acquisition performance for the recommended
waveforms should be evaluated and compared against the specifications for future AFSCN
requirements.  Performance for carrier phase and frequency acquisition and re-acquisition will be
evaluated for the candidate waveforms.

9. Security: Security issues such as anti-jamming capability should be evaluated.

10. Robustness: The robustness of the recommended waveforms in absorption (or average power
reduction) and scintillation environments is of interest.  Waveforms are more attractive when their
performance degrades more gracefully as scintillation increases.  Absorption can only be mitigated by
more RF power or antenna gain and will not be addressed in this document.  In essence, systems
utilizing more robust waveforms have greater availability and reliability.  Robustness provides added
values to the recommended waveforms.

11. Technology Maturity for Satellite Applications: For the recommended waveforms the requisite
technology should be mature.  For satellite applications, it is very desirable that the weight and power
consumption can be made small.

CHARACTERIZATION OF BANDWIDTH

One of the signal attributes revealed by its power spectral density (PSD) is the amount of occupied
bandwidth. Since no real signal is truly band-limited, there are numerous definitions for the bandwidth
of a signal. Four commonly used definitions are: i) Occupied Bandwidth, ii) Bounded PSD
Bandwidth, iii) Noise-Equivalent (NE) Bandwidth, and iv) Necessary Bandwidth. For this study we
have examined the following two bandwidths:

• Occupied Bandwidth – The occupied bandwidth indicates how efficiently the major portion of the
signal power can be spectrally contained.  To be precise, it is defined as the band that contains 99
% of the power within the band, and leaves exactly 0.5% of the signal power above the upper band
limit and exactly 0.5% of the signal the signal power below the lower band limit [Sklar 1988].



• Bounded PSD Bandwidth – The bounded PSD bandwidth describes how successful the unwanted
out-of-band radiation is attenuated.  It specifies that the PSD, everywhere outside a specified band
of frequencies, has fallen to a certain level below the maximum value at the center frequency.

For a typical system, the designer would want to know, for a given modulation format and an
associated bandwidth, how well his system can receive a large fraction of signal power while at the
same time transmit very little power outside of the bandwidth.  A waveform that has a small occupied
bandwidth and a small bounded PSD bandwidth should perform well in both aspects.  Hence, to a
large extent, these two attributes are indicative of bandwidth efficiency.

Using analytical methods and published results, spectral attributes of the candidate modulation
formats were investigated.  Table 1 summarizes the results for Occupied Bandwidth as well as
Bounded PSD Bandwidth at several out-of-band rejection levels.  For ease of comparison, all values
for bandwidth are tabulated as a multiple of the user data rate, Rd.  For modulations that employ
spreading codes, bandwidth is tabulated as a multiple of the chip rate, Rchip.  Chip rate is defined as the
user data rate times the spread spectrum processing gain, n, i.e., Rchip = n⋅Rd .

Spectral utilization and SFCG (Space Frequency Coordination Group) Mask compliance is also
tabulated.  Spectral utilization is defined here as the number of data-bits per channel symbol.
Modulation formats that satisfy the SFCG spectral mask are highlighted with a shaded background.  It
is interesting to note that, aside from the continuous-phase modulation (CPM) techniques (MSK,
GMSK), only the filtered QPSK and Feher-QPSK modulations are able to comply with the SFCG
Mask specifications.

The Occupied Bandwidth results in Table 1 were obtained analytically from closed-form PSD
expressions. Cells without values in the “60 dB Roll Off” column were not filled in since the occupied
bandwidth is too large to be of interest.

SPECTRUM PACKING EFFICIENCY
Spectrum packing efficiency is expressed in terms of two quantities, namely, number of data link
channels that can be packed into a given frequency band and packing efficiency, which indicates the
number of bits per second that can be packed into each Hz of bandwidth.  Both of these quantities are
based on the notion that the modulation scheme that is most spectrally efficient can pack more usable
channels and a larger data rate into a given bandwidth, though often at a sacrifice of power
efficiency1.

Figure 1 illustrates a scenario of adjacent signals within a channel bandwidth. The parameter fc is the
carrier frequency of the signal of interest, and ∆f is the frequency separation between adjacent signals.
For this study, we evaluate the spectrum packing efficiency under the following conditions:

• Without Doppler
• Without spectral re-growth caused by non-linear operation

                                               
1 A trade-off between bandwidth efficiency and power efficiency is usually performed to select a modulation
scheme for a particular application.



• Without coding
• Without baseband filtering for SS-BPSK and SS-QPSK waveforms
• Transmitted interference-to-signal ratio (XISR) = 0 dB
• Channel bandwidth = 4 MHz
• Frequency separation, ∆f, is defined in terms of 99 % and 90 % power containment bandwidth

Table 1: Summary Spectral Attributes For Modulation Formats Studied

Occupied Bandwidth1

Modulation
Format

99.0%
Power

At 20
dB Roll

Off

At 40 dB
Roll Off

At 60 dB
Roll Off

Spectrum
Utilization

(Bit/Symbol)

SFCG Mask
Compliance

BPSK
Diff. and
Coher.

20.4⋅Rb 7.4⋅Rd 64⋅Rd 1 No

Filtered
BPSK

Diff. and
Coher.

1.4⋅Rb 1.24⋅Rd 1.5⋅Rd 1 No

QPSK
Diff. and
Coher.

10.2⋅Rb 3⋅Rd 32⋅Rd 2 No

Filtered
QPSK (coh)

r = 0.35 0.7⋅Rb 0.9⋅Rd 0.96⋅Rd 2 Yes

OQPSK
Diff. and
Coher.

10.2⋅Rb 3⋅Rd 32⋅Rd 2 No

Filtered
OQPSK (coh) r = 0.35 0.7⋅Rb 0.9⋅Rd 0.96⋅Rd 2 Yes

MSK (coh) 1.2⋅Rb 1⋅Rd 5⋅Rd 1 Yes (<2Ms/s)

GMSK
BT=0.25
BT=0.5

0.86 Rb

1⋅Rb

1⋅Rd

1.2⋅Rd

1.6⋅Rd

2.24⋅Rd

2.12⋅Rd

2.96⋅Rd

1
1 Yes

π/4-QPSK
Diff.
Coher.

10.2⋅Rb 3⋅Rd 32⋅Rd
2
2 No

8-PSK Coher. 6.8⋅Rb 2⋅Rd 22⋅Rd 3 No
16-PSK Coher. 5.1⋅Rb 1.6⋅Rd 16⋅Rd 4 No
16-QAM 5.1⋅Rb 1.7⋅Rd 16⋅Rd 4 No
8-FSK NonCoh. 7⋅Rb 7⋅Rd 64⋅Rd 3 No
16-FSK NonCoh. 6.4⋅Rb 8⋅Rd 66⋅Rd 4 No

TCM
8PSK
16PSK

10.2⋅Rb

6.8⋅Rb

3⋅Rd

2⋅Rd

32⋅Rd

22⋅Rd

2
3

No

Feher QPSK 1⋅Rb 0.9⋅Rd 1.6⋅Rd 2.7⋅Rd 2 Yes
QQPSK 10⋅Rb 5⋅Rd 50⋅Rd 4 No
SS/BPSK2 20.4⋅Rchip 7.4⋅Rchip 64⋅Rchip N/A3 No
SS/QPSK2 10.2⋅Rchip 3⋅Rchip 32⋅Rchip N/A3 No

1. Rb is the raw information bit rate and bandwidths are two sided
2. Rchip is the spread spectrum processing gain, n, times the data rate: Rchip = n⋅Rd

3. Spectrum Utilization has no meaning when the underlying bits have been transformed to chips



Transmitted Interference-to-Signal Power Ratio = 0 dB
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Figure 1:  Channel Packing Scenario

The second measure of spectrum packing efficiency is Packing Efficiency (PE) expressed in
bits/sec/Hz, which can be expressed as:

MHz 4

BW MHz-4in  Signals ofNumber  x R
PE b= (1)

Figure 2 presents the packing efficiency evaluated at BER = 10-6 for different waveforms in graphical
format.  The results shown in this figure were computed for waveforms operated in a linear channel,
i.e., the power amplifier operated in linear region.  It shows clearly that many waveforms have better
packing efficiency than the SGLS and USB waveforms. Data for Feher QPSK are subject to
verification.

THE IMPACT OF RANGING SIGNAL ON SPECTRAL PACKING EFFICIENCY

A key question in this study concerns the need to include ranging signal in the investigation on
spectrum packing efficiency.  In order to address this question, this section assesses the impact of
Adjacent Channel Interference (ACI) on ranging performance and the mutual co-channel interference
between the ranging signal and the command signal.  The victim’s ranging SNR degradation due to
the presence of ACI will be evaluated assuming no filters for the victim and adjacent channels. In
addition, the impacts of ranging on command channel will be assessed.  In order to simplify the
analysis, the following conditions are assumed:
• There is one interferer on each side of the victim spectrum, with interferers spaced equally from

victim.

• The interferers have the same waveforms as the victim.



• The SGLS service includes PRN ranging, low rate PCM data, medium rate  PCM data, and analog
voice.

• The detection bandwidth is much narrower than PRN chipping rate.

• Time, frequency, and phase synchronization are not included.

• The transmitted interference-to-signal ratio = 0 dB.

• The PRN waveform is: 1 MHz chipping rate, modulation index = 0.3 radian.

• The command FSK waveform is: 2 ksps, modulation index = 0.6 radian.

• The data waveform is: 2 ksps at 1.024 MHz sub-carrier, modulation index = 1.0 radian.
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Figure 2  Packing Efficiency for 99% Bandwidth

Figure 3 shows the ranging SNR degradation of the victim channel due to the presence of ACI. The
results show that the effects of ACI can be mitigated by increasing the integration time.

Table 2 shows the ranging signal-to-command signal power ratio for various values of ranging and
command modulation indices.  The interference effects can be ignored for ratios less than –3 dB.  It
can be seen from Table 5.1 that the ratio can be reduced to less than –3 dB by selecting ranging
modulation index to be approximately less than 0.3.

For the three interference effects to be assessed in this section, it can be concluded that:

• The effects of ACI on ranging can be mitigated by increasing the ranging integration time.

• The effects of co-channel command signal on ranging can also be mitigated by increasing the
ranging integration time.

• The effects of co-channel ranging signal on command can be made negligible by selecting a small
value for the ranging modulation index.



Hence, ranging signal can be ignored in the spectrum packing efficiency investigation as long as the
satellite movement over the time of integration is negligible compared to the required ranging
accuracy.
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Figure 3: Ranging SNR Degradation Due to Adjacent Channel Interference

Table 2:  Ranging Signal-to-Command Signal Power Ratio

Command
Modulation
Index, rad

Ranging
Modulation
Index, rad

Ranging Power-to-
Command Signal
Power Ratio, dB

0.6 0.3 -2.75
1.1 0.2 -10.5
1.1 0.1 -16.5

CONCLUSION
Based on Phase 1 results in [Nguyen 1999], the Phase 2 analysis in the linear power amplifier
environment presented in this document, non-linear BER performance results contained in literature,
and our past experience in evaluating waveform performance [Nguyen 1998][Lui Nov. 1999], Table 3
presents a suite of waveforms that can be preliminarily recommended for AFSCN. These
recommendations are based on strengths and weaknesses in key attributes as well as legacy and future
program needs.  Stressing environments include interference (hostile and non-hostile) as well as high
dynamic environments.  The recommended waveforms are grouped into three categories: low,
medium and high data rates.  The boundary data rate of 4 Kbps between low and medium data rates is
based on CCSDS and ISO standards [CCSDS 411.0 B-2].  The boundary data rate of 2 Mbps between
medium and high data rates is based on CCSDS division for certain categories of service.  Further
evaluation will be performed on these waveforms in Phase 3 before a final suite of waveforms can be
recommended for implementation in AFSCN.



Table 3  Preliminary Suite of TT&C Waveforms Recommended for AFSCN

 Selected Suite of  Modulation Schemes Data Rate Benign Environments Stressing Environments 

Low Data Rate 
5  bps – 4  Kbps 

PCM/PSK/PM-Sine, 
PCM/PM- Bi-Phase, BPSK*, 
Filtered BPSK* 

SS-BPSK/QPSK 

Medium Data Rate 
4  Kbps – 2  Mbps 

Filtered BPSK/QPSK/ 
OQPSK, GMSK,  
Feher QPSK 

SS-BPSK/QPSK (for 
lower portion of data 
rate range) 

High Data Rate 
> 2  Mbps 

Filtered QPSK/OQPSK, 
Feher QPSK, TCM- 
Filtered-8PSK/16PSK 

*  These waveforms are recommended only for data rates greater than 2 Kbps.
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ABSTRACT 
 
It has been previously shown, through computer simulations, that a multiple symbol 
detector can provide substantial gains in detection efficiency (nearly 3 dB) over 
traditional PCM/FM detectors.  This is accomplished by performing correlations over 
multiple symbol intervals to take advantage of the memory inherent in the continuous 
phase PCM/FM signal.  This paper presents measured hardware results, from a prototype 
developed for the Advanced Range Telemetry (ARTM) Project, that substantiate the 
previously published performance and sensitivity predictions. Furthermore, this work 
confirms the feasibility of applying this technology to high-speed commercial and 
military telemetry applications. 
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Multiple Symbol Demodulation, Binary PCM/FM, and Noncoherent Detection. 
 
 

INTRODUCTION 
 
 
There currently exists a large installed base of PCM/FM telemetry transmitter and 
receiver equipment. It was shown in [1] that the detection performance of PCM/FM could 
be improved by nearly 3 dB by using a multiple symbol demodulator instead of a 
traditional single symbol type detector. This paper presents measured results taken from 
high-speed prototype hardware, developed for the ARTM project, which implements the 
multiple symbol detection processing algorithms. Results characterizing the bit error 
probability, as well as the robustness of the detector to offsets in carrier frequency, 
symbol timing, and modulation index, are presented. 
 
 



SYSTEM DESCRIPTION 
 
A multi-symbol detection algorithm was shown to provide a significant gain in detection 
efficiency as compared to traditional single symbol recovery of PCM/FM. Figure 1 
illustrates a conceptual diagram of a PCM/FM communication system in which the 
source data is filtered, modulated, corrupted by Additive White Gaussian Noise 
(AWGN), and processed by the multi-symbol demodulator to recover the data. While 
conceptually correct, this simplified model doesn’t show the upconversion, 
downconversion, and IF filtering that is present in practical systems.  
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Figure 1. Conceptual Diagram of PCM/FM Communication System 

 
Figure 2 illustrates the test setup used to evaluate the prototype multi-symbol 
demodulator under more realistic conditions. The data source (2047 test pattern), 
premodulation filter, modulation and upconversion functions were performed with a 
Rohde and Schwarz I/Q Modulation Generator and HP ESG-D4000A Digital Signal 
Generator. This combination of test equipment allows precise generation of the PCM/FM 
waveform with various offsets in frequency, timing, and modulation index and produces 
an L-band output signal suitable for RF testing. An external noise source corrupts the 
signal and produces a desired Signal-to-Noise Ratio (SNR) for measuring error rate 
performance.  The resulting signal is filtered, gain controlled, and downconverted to a 70 
MHz intermediate frequency (IF) by a Microdyne 700-MR receiver. The IF signal is 
processed by the Multi-Symbol demodulator and the recovered data is compared to the 
source data using a Fireberd 6000-A bit error rate tester.  
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Figure 2. Test Setup for Evaluating the Multiple-Symbol Demodulator Hardware 
 
For testing, a 4.5 Mbps PCM/FM waveform was generated using a fourth order Bessel 
pre-modulation filter with a 3 dB cutoff frequency at 0.7 bit rates, a peak deviation equal 
to 0.35 times the bit rate, and a modulation index of h = 0.7as per the current 
recommendation for PCM/FM telemetry systems. 



 
MULTI-SYMBOL DEMODULATOR HARDWARE 

 
A hardware prototype of the multi-symbol demodulator, developed for the Advanced 
Range Telemetry (ARTM) Project, was used for all performance testing and is shown in 
Figure 3. It consists of a single circuit card housed in a 19 inch rack with various analog, 
digital, and control connections. It accepts a 70 MHz IF input signal (typically from a 
receiver), performs filtering and gain control, converts the signal from analog to digital, 
and implements the digital processing algorithms necessary to recover the PCM/FM data. 
The recovered clock and data outputs are coaxial and are electrically compatible with 
commercial bit error rate testers and other data collection equipment. Although the unit 
was originally designed to process other, more complex, continuous phase waveforms, 
the hardware platform is also ideally suited for hosting the PCM/FM mode of operation.  
 
The demodulator currently handles variable data rates from 0.5 to 11 Mbps in PCM/FM 
mode with rates up to 15 Mbps being supported in future versions. The analog section has 
the circuitry necessary to accept the range of IF levels typically available from 
commercial receivers and also features a set of IF filters that are automatically selected 
based on data rate. For diagnostic purposes, the unit has analog test outputs for displaying 
constellation and eye diagrams.  
 
 
 

 
 

Figure 3. Multi-Symbol Demodulator Prototype (Up to 11 Mbps in PCM/FM mode) 
 
 
 
 
 
 
 
 



MEASURED BIT ERROR PROBABILITY (BEP) 
 
Figure 4 shows the measured BEP performance of the multi-symbol demodulator at 4.5 
Mbps versus a traditional single symbol detector. For reference purposes, results from a 
Microdyne RCB2000 are also included that were taken at 5 Mbps and graciously 
provided by Eugene Law of NAWCWD, Point Mugu, CA. For testing, a 15 MHz IF filter 
was used in the MR-700 and the RCB2000 used IF and Video bandwidths of 6 MHz, a 
max rate/max deviation set to 10 MHz/4.5MHz, and its internal bit synchronizer. Since 
the ‘matched’ filtering is performed digitally in the multi-symbol demodulator, the analog 
IF filter selection is not as critical as for the single symbol detector. The first observation 
is that the measured data from the multi-symbol demodulator is very close to what was 
previously predicted. Although one might be skeptical of these results, it makes sense 
that the measured and predicted performance are very close since the SNR is set using an 
external noise source, the demodulator is digital signal processing based with many bits 
of resolution, and the only synchronization required is symbol timing. In other words, one 
should not expect much loss in this implementation.  
 
Furthermore, the performance of the Microdyne RCB2000 is also as expected and is 
nearly 3 dB worse that the multi-symbol demodulator. The conclusion from this data is 
that the enhanced detection algorithm works as advertised and is suitable for 
implementation in high-speed commercial hardware applications. 
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Figure 4. Measured BEP Performance of Multi-Symbol versus Traditional Detector 



MEASURED SENSITIVITY TO FREQUENCY OFFSET 
 
The previous section showed that the detection performance of the multi-symbol detector 
in AWGN is excellent. However, the transmitter equipment may not be precisely aligned 
with the demodulator in carrier frequency, data rate, or modulation index.  This section 
presents measured hardware results for the degradation caused by carrier frequency 
offset.  To take these measurements, the Automatic Frequency Control loop (AFC) in the 
demodulator was disabled. Although the AFC would normally be operating, the objective 
is to characterize the multi-symbol demodulator without it for comparison purposes to the 
previous performance predictions. 
 
Figure 5 illustrates the BEP curves for various offsets in carrier frequency with the AFC 
disabled. The data rate is 4.5 Mbps for all cases and the offsets range from 0 to 300 KHz. 
Since the Microdyne 700-MR receiver tunes in 100 kHz steps, most applications only 
require operation over a +/- 100 KHz range.  However, since the data is taken primarily 
to illustrate the characteristic behavior of the multi-symbol detector, an extended range of 
offsets was investigated. It is evident that offsetting the carrier frequency (with no AFC) 
can result in significant performance degradation.  Figure 6 shows the simulated 
degradation as well as the measured performance that is slightly worse than predicted. 
This may be due to the fact that if the signal is offset, the symbol tracking does not 
maintain optimal alignment as it does in the computer simulation. It is important to keep 
in mind that no loss in detection performance is experienced when the AFC enabled (as is 
the normal case). The ‘no loss’ curve was added to Figure 6 to emphasize this point. 
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Figure 5. Multi-Symbol Demodulator BEP Curves with Frequency Offset (AFC Off) 
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Figure 6. Multi-Symbol Demodulator Degradation with Frequency Offset (AFC Off/On) 

 
 

MEASURED SENSITIVITY TO TIMING RATE 
 
The effect of timing error on the performance of the multi-symbol demodulator was also 
investigated. Although the previous simulation results characterized the performance with 
a static timing offset, a more meaningful test is to offset the timing rate (i.e., data rate). 
This was accomplished by simply changing the sampling rate on the Rohde and Schwarz 
modulation generator. Several BEP curves were taken at timing offsets ranging from 0 to 
500 parts per million and the resulting degradation was negligible for all timing offsets 
tested. As long as the bit synchronizer maintains the correct symbol boundary alignment, 
there is virtually no loss when the data rates are within reasonable tolerances. 
 
 
 
 
 
 
 
 
 

AFC Off 

AFC On 



 
MEASURED SENSITIVITY TO MODULATION INDEX 

 
A parameter that does affect the BEP performance of the demodulator is modulation 
index and it is characterized in Figure 7. Note that modulation indices from 0.675 to 
0.725 cause little loss since the detector is designed for h=0.7 while the larger offsets 
(h=0.6 or 0.8) experience large penalties in detection performance. Figure 8 illustrates the 
amount of degradation in dB as a function of the percent offset in modulation index for 
the original computer simulations and the hardware measurements. The measured data is 
slightly worse than predicted for higher h values and may be function of where the bit 
synchronizer chooses to sample the offset waveform.  In addition to these results, a curve 
representing a prediction of what the performance would be if the modulation index was 
tracked is presented. If the demodulator knew how the modulation index of the signal 
was offset from the ideal 0.7, it could easily compensate by using slightly different set of 
correlation look-up tables. Consequently, the receiver would be closely matched to the 
transmitter and the loss would negligible. Therefore, if the modulation index can be 
tracked, this sensitivity can be virtually eliminated. 
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Figure 7. Measured Results of Sensitivity to Modulation Index 
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Figure 8. Degradation with Offset in Modulation Index 

 
Although the current prototype does not track the modulation index of the received 
signal, any of several candidate implementations could easily be added to accomplish this 
function. Figure 9 illustrates one possibility in which the coefficients for the detector are 
selected by comparing the outputs of three candidate filters. Once the winning filter is 
declared, correlations at each modulation index are performed and the value that 
consistently produces the largest output is used in the multi-symbol detector. The 
resolution (number of tables and step sizes) can be tailored as desired to meet a particular 
application.  
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Figure 9. Architecture for Tracking Modulation Index 



 
CONCLUSIONS 

 
Performance results from a high-speed hardware prototype have verified that the 
detection performance of PCM/FM can be improved by nearly 3 dB by using a multiple 
symbol demodulator instead of a traditional single symbol type detector. The measured 
BEP data closely matched the performance predicted by previously published simulation 
results. Furthermore, sensitivity to errors in frequency, timing, and modulation index 
were characterized. 
 
The sensitivity to carrier frequency offset was measured with and without the AFC loop 
and the results showed a loss similar to that predicted by simulation. It was also shown 
that this degradation can be completely eliminated by turning on the AFC loop that tracks 
out the gross frequency offset. Offsets in timing rate were also investigated and were 
found to be negligible over a range sufficient for typical telemetry applications.  Finally, 
various offsets in modulation index were examined and the degradation was quantified. 
For small offsets of 5 percent or less, the loss is minimal. However, for offsets that 
approach 10 percent, over 1 dB of degradation in detection efficiency can occur. In order 
to mitigate this loss, a simple method of tracking the modulation index was presented. 
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ABSTRACT 
 
Shaped Offset QPSK (SOQPSK), as proposed and analyzed by Terrance Hill, is a family 
of constant envelope waveforms that is non-proprietary and exhibits excellent spectral 
containment and detection efficiency. Results using a conventional coherent OQPSK 
demodulator without any special pulse shaping to recover the SOQPSK signal have been 
previously presented. This paper describes a trellis detector for SOQPSK-A and 
SOQPSK-B that provides superior detection performance, as compared to a traditional 
OQPSK detector, by accounting for the pulse shaping. Analytical error performance 
bounds, implementation of the trellis demodulator, and computer simulation results are 
presented.  
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INTRODUCTION 
 
SOQPSK is a non-proprietary modulation technique that is quickly gaining popularity in 
both terrestrial and space applications. The family of SOQPSK waveforms, as described 
by Hill [1], are constant envelope signals with excellent spectral containment and 
detection efficiency. Furthermore, they can be detected using a standard OQPSK 
receiver. Performance results from Hill [1] and Younes, Brase, Patel, and Wesdock [2] 
indicate that a penalty of 2 dB or more are incurred with SOQPSK-A and SOQPSK-B 
respectively, if a suboptimum OQPSK detector is used. The objective of this paper is to 
investigate the optimum receivers for these waveforms, characterize their performance, 
and provide a framework for designing a high-speed implementation of the processing 
algorithms. This paper is composed of five sections that include a brief review of 
SOQPSK, analysis of the attainable detection performance, implementation, simulation 
results, and the conclusion.  
 



 
 

DESCRIPTION OF SOQPSK 
 
The SOQPSK waveforms described by Hill [1] are constant envelope, continuous phase 
modulations that allow a designer to easily trade-off spectral and power efficiency by 
varying a few simple parameters. The waveforms are completely described by either their 
instantaneous phase or frequency. Figure 1 illustrates a conceptual SOQPSK modulator 
that maps a binary input stream a(i) into ternary-valued (+1, 0, -1) frequency impulses 
α(t), passes them through a shaping filter with response g(t),  and applies the 
instantaneous frequency f(t) or phase φ(t) to an appropriate modulator which produces the 
desired SOQPSK waveform.  
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Figure 1. SOQPSK Modulator 
 
The frequency pulse shapes for SOQPSK are given by g(t) = n(t) * w(t), where 
 

n(t) =
Acos(πρ Bt T)
1− 4(ρ Bt T )2 *

sin(π Bt T )
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Note that the four parameters ρ, B, T1, and T2 serve to completely define the frequency 
pulse shapes for SOQPSK-A and SOQPSK-B, as well as an infinite set of similar, and 
interoperable, waveforms. The specific values for SOQPSK-A and SOQPSK-B are listed 
in Table 1 and the resulting pulse shapes and spectra are plotted in Figures 2 and 3. For 
comparison purposes, the spectrum of the MIL-STD-188-182 SOQPSK, which uses a 
rectangular frequency pulse, is also included. The dramatic reduction in sidelobe energy 
makes SOQPSK-A and SOQPSK-B very attractive for terrestrial, satcom, and space 
applications. Moreover, these waveforms can be recovered with a conventional OQPSK 
demodulator if a moderate penalty in detection efficiency can be tolerated. Simulation 
results from [1] and [2] indicate that SOQPSK-A and –B can be detected with an 
suboptimum detector with a penalty of 2 dB of more as compared to OQPSK.  However, 
the detection performance of SOQPSK can be significantly improved with a trellis 
demodulator using the Viterbi algorithm. The performance and implementation of this 
enhanced detector is the focus of this work. 



 
Modulation Type ρ 

B T1 T2 
SOQPSK-A 1.0 1.35 1.4 0.6 
SOQPSK-B 0.5 1.45 2.8 1.2 

 
Table 1. SOQPSK-A, -B Parameters 
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DETECTION PERFORMANCE ANALYSIS 
 
In order to determine the performance of the detector, the trellis description of SOQPSK 
will be analyzed. A bound on the probability of error can be calculated by determining 
the probability that the receiver will choose a particular path through the trellis (β) 
instead of the path that was actually transmitted (α). Of particular interest is the pair of 
paths (α, β) that are closest in Euclidean distance and result in one or more bit errors. The 
distance between these two paths is called the ‘minimum distance’ and is denoted by 
d2

min. As the signal-to-noise ratio (SNR) becomes large, the error contribution caused by 
this ‘minimum distance’ event will dominate the bit error probability. 
 
A trellis representation for the MIL-STD-188-182 version of SOQPSK is illustrated in 
Figure 4 and shows the constellation diagram along with the data and frequency pulses 
that produced the highlighted trajectory. The data to frequency mapping function has 
been described by Simon [3] as 
 








 −−−−= +

2
)2()()1()1()( 1 idididi iα  where d(i) = 2a(i) – 1= {+1,-1} and a(i) = {0,1} 

 
Note that α(i) only depends on the data values d(i), d(i-1), and d(i-2). This observation 
will be used later when a trellis notation is adopted for implementation. 
  



01

11

10

00

I Q I IQ Q

00

11

10

01

I

Q

0 1 1 1 0 0

+1 -1 0 +1+1

a(i) =

α(i) = 0

0 1 2 3 4 5i  =

-1 +1 +1 +1 -1 -1d(i) =

 
Figure 4. SOQPSK Trellis for Length T/2 Rectangular Frequency Pulse  

 
The optimum receiver uses a pulse shape gR(t) that matches the transmitted pulse shape 
gT(t). Its performance can be bounded using the Euclidean distance between the paths 
(α, β) that are most likely to be confused at the receiver. Since they both use the same 
pulse shape, the distance only depends on the difference sequence γ which is defined as   
γ = α – β. From [4], it is shown that the minimum distance can be expressed as 
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where s(t,α) is the transmitted signal, NT is the length of the observation, α and β are the 
sequence of frequency impulses that are different in at least the first symbol, φ(t,γ) is the 
transmitted phase and γi = αi – βi. Figure 5 illustrates a typical error event in which the 
receiver mistakenly chooses a path corresponding to β instead of the actual transmitted 
path α. Note that before the paths split the phase difference and the accumulated distance 
is zero and while the paths are different, the non-negative Euclidean distance continues to 
increase. Once the paths remerge, the phase difference returns to zero and the 
accumulated distance will remain constant. Sequences pairs that are likely to have a small 
distance have the property that γ(i) returns to zero (modulo 4) fairly quickly after the 
initial split.  In order to find the difference sequence (γmin) that corresponds to a minimum 
distance event, one needs to first identify the valid difference sequences and compute 
their integrated Euclidean distance.    
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Figure 5. Example of an Error Event 
 
For SOQPSK, the difference sequence (γ) is constrained by the function that maps data to 
frequency pulses. For example, γ (1) cannot  immediately return to zero after the first 
non-zero value γ(0) and also | γ(i) − γ (i-1) | ≤ 2 for all i. A phase difference tree 
representing valid γ that are +1 for the first value is shown in Figure 6. Note that one 
could choose to evaluate the set of γ's that are –1 for the first value, but they are merely 
the mirror images of the positive set and have the same distance values. Therefore, due to 
symmetry, it is only necessary to evaluate a subset of all possible γ's. 
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Figure 6. Phase Difference Tree  
 
In order to identify γmin, a computer program was constructed using a modified version of 
the “Limited Sequential Tree Search” algorithm described in Appendix A of [4]. 
Modifications included changing the computation period from T to T/2, using ternary-
values {-1,0,+1} instead of binary inputs for α and β, and constraining the difference 
sequence based upon the data to frequency impulse mapping function. The distance over 
the interval from iT/2 to (i+1)T/2 is calculated from a finite span of the γ(i)’s, 
accumulated, i is incremented, and the procedure is repeated. Candidates that exceed a 
specified distance can be eliminated, thereby keeping the number of candidates being 
evaluated manageable.  



 
The computer search determined that the γ sequence corresponding to the minimum 
distance error event is γmin = [+1 0 –1] for both SOQPSK variants with minimum 
distances (d2

min) of 1.5067 and 1.7412 for SOQPSK-A and –B respectively. Since this 
‘minimum distance’ event dominates the probability of error at large SNR, the detector 
performance can be upper bounded by Pe ≤ Q((d2

minEb/No)1/2).  
 
However, a more accurate expression for the bit error probability of SOQPSK can be 
formulated by closely examining the trellis error events. Starting at a point where the 
transmit path and the path selected by the receiver diverge, there are four difference 
sequences of frequency pulses (γ) that are most likely to be taken as the paths remerge. 
Although there are many ways for the pairs to remerge, half of them can use minimum 
distance paths (i.e. γmin = [+1 0 –1] or [-1 0 +1]). The easiest way for the other half of the 
sequence pairs to remerge is by γ = [+1 +2 +1] or [-1 -2 -1] which have Euclidean 
distances of 2.68676 for SOQPSK-A and 2.38027 for SOQPSK-B. All of the above-
mentioned paths only produce one bit error. Therefore, if the input bits are equally likely 
and all error events always remerge over paths that are closest in Euclidean distance, a 
lower bound on the probability of bit error for SOQPSK-A and –B can be expressed as 
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It is interesting to note that the same analysis applies to OQPSK with the exception that 
the distance for all of the γ's equal 2. Setting the distances equal to 2 in the above 
equation yields 0.5Q((2Eb/No)1/2) + 0.5Q((2Eb/No)1/2) = Q((2Eb/No)1/2) which is known to 
be the exact bit error probability for OQPSK. The lower bounds for SOQPSK turn out to 
be extremely tight as will be shown in a later section. 
 
A plot of the error rate performance bounds for SOQPSK-A and -B is shown in Figure 7 
along with results for similar waveforms including OQPSK and the upper bound for 
Feher patented FQPSK which has been shown to have a minimum distance of 1.56 [5]. 
Using the upper bound (Pe ≤ Q((d2

minEb/No)1/2), the asymptotic loss relative to OQPSK is 
0.6 dB for SOQPSK-B, 1.07 dB for FQPSK, and 1.23 dB for SOQPSK-A. The lower 
bounds for SOQPSK-A and –B are within 0.25 dB of the upper bound at a BEP of 10-6. 
The asymptotic performance of SOQPSK-B is 0.47 dB better than FQPSK and 0.63 dB 
better than SOQPSK-A. 
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Figure 7. Detection Performance based on Euclidean Distance Bounds 

 
 

TRELLIS DEMODULATOR IMPLEMENTATION 
 
Now that analytical bounds for the error performance have been developed, the next step 
is to address the implementation of the trellis demodulator. Since the Viterbi algorithm 
will be used to recover the data, the implementation complexity will be proportional to 
the number of states which is determined by the length of the receive frequency pulse. In 
order to achieve an efficient, high-speed hardware architecture, it is desirable to process 
the signal at the symbol rate. A suitable state representation is suggested by observing 
that the transmitted signal, over a symbol interval, can be completely described by a finite 
span of frequency pulses and a starting phase angle. Since the frequency pulses and 
starting phase are a function of the source bits, the trellis state can be constructed from a 
fixed span of input bits. As an example, Figure 8 illustrates the notation for a trellis using 
a receive pulse length of LR = 1 for which there are eight states of the form [a(i-1) a(i-2) 
a(i-3)]. The current state combined with the input data for the next symbol [a(i+1) a(i)] 
are sufficient to construct the received signal set required by the demodulator. The trellis 
diagram for SOQPSK with LR = 1 is shown in Figure 9. 
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Figure 8. Illustration of Trellis Notation 
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Figure 9. Trellis Connections for Frequency Pulse Length (LR) = 1 

 
In general, there are 2(2LR+1) trellis states which means that the optimum detector would 
require 512 and 131072 states for SOQPSK-A and –B since they extend over 4 and 8 
symbols respectively. Fortunately, it will be shown that a sub-optimum version of the 
detectors using shortened pulses suffers virtually no penalty in detection efficiency 
relative to the optimum detector. Although simple truncation is not optimum, it is easy to 
see that if the ideal 4-symbol frequency pulse for SOQPSK-A is truncated to 2 symbols 
(with impulses added to account for leftover phase), it still closely matches the transmit 
pulse. Figures 9 and 10 illustrate this fact by plotting frequency pulses and phase trees for 
SOQPSK-A using an ideal pulse (LT=4) and a truncated pulse (LR=2) and Figures 11 and 
12 compare an ideal (LT= 8) pulse with a truncated pulse (LR=2) for SOQPSK-B.  
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Figure 9. Pulses for SOQPSK-A 
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Figure 10. Phase Trees for SOQPSK-A 
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Figure 11. Pulses for SOQPSK-B 
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Figure 12. Phase Trees for SOQPSK-B 



SIMULATION RESULTS 
 
Simulations were performed for SOQPSK-A and –B and the results are presented in 
Figure 13. For comparison purposes, published simulation data for FQPSK-B using its 
optimum Viterbi detector [6] is also included. The simulations are for a frequency pulse 
truncated to one symbol time (8 state trellis) for SOQPSK-A and a two symbol length 
pulse (32 states) for SOQPSK-B. As expected, SOQPSK-B outperformed both optimum 
Viterbi detected FQPSK-B [6] and SOQPSK-A. The simulation results agree extremely 
well with the analytical bounds. The results, relative to OQPSK, are listed in Table 2. 
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Figure 13. Simulated Results for SOQPSK 

 
 

Modulation Type Eb/No for 
10-5 BEP (dB) 

Loss Compared to Ideal 
OQPSK at 10-5 BEP (dB) 

OQPSK 9.6 0 
SOQPSK-A (LR=1, 8 States) 10.5 0.9 
FQPSK-B (Optimum Viterbi) [6] 10.4 0.8 
SOQPSK-B (LR=2, 32 States) 9.9 0.3 

 
Table 2. Simulation Results 

 
The lower bounds for SOQPSK-A and –B matched the computer simulation results 
extremely well over the entire range of SNR’s tested. This is important since the 
analytical error expression can now be used with confidence for lower error rates than are 
practical to characterize with Monte Carlo simulations. Furthermore, it was seen that 
significant shortening of the transmit frequency pulse was not only feasible, but caused 
no discernable degradation when compared to the lower bound. This translates into a 
significant reduction in receiver complexity, making high-speed implementations 
practical.  



CONCLUSIONS 
 
A trellis detector using the Viterbi algorithm for demodulating SOQPSK-A and –B was 
analyzed, and upper and lower performance bounds were computed. A notation for 
constructing the trellis demodulator was introduced and a scheme for using shortened 
frequency pulse lengths to trade off performance versus hardware complexity was 
proposed. It was found that the sub-optimum, reduced complexity designs performed 
extremely well and are practical for implementation. SOQPSK-B was shown to require 
only 0.3 dB more power than OQPSK to achieve a BEP of 10-5 while FQPSK-B and 
SOQPSK-A needed an increase of 0.8 and 0.9 dB, respectively. These results were 
consistent using both analytical data and results from computer simulations.  
 
The lower bounds for SOQPSK-A and –B are very simple expressions that provide 
results virtually identical to those produced through computer simulations. They will 
prove to be an extremely powerful and useful analytical tool for further research into this 
family of waveforms. Although only SOQPSK-A and –B were examined, the analysis 
methods and implementation concepts are applicable to any of Hill’s SOQPSK variants. 
In summary, SOQPSK is family of non-proprietary, constant envelope waveforms that 
have outstanding detection efficiency and spectral containment and are ideally suited for 
a variety of commercial and military applications. 
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ABSTRACT

A non-feedback adaptive equalizer based on Feher Equalizer (FE) is presented and its
performance is evaluated.
By artificially adding notch/notches to the corrupted spectrum resulted from selectively
faded LEO environments, an artificial symmetry is created and as a result the BER/BLER
is improved. The location and the depth of artificial additive notches are based on the
shape of the spectrum of the corrupted signal. By measuring the power in narrow bands
around certain frequencies the existence of notches around those frequencies are
predicted. Based on this information notches with proper depths are added to the main
spectrum which results in more symmetry in the spectrum. The selection process of
artificial notch/notches are based on the shape of the signal spectrum, which means that
this equalizer unlike most conventional equalizer does not need any feedback. The non-
feedback nature of this equalizer improves the adaptation time over that of alternative
equalizers
The results presented in this paper are based on both MatLab simulations and laboratory
hardware measurements.
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INTRODUCTION

Due to relatively small latency and lower power consumption [3] [4] [8] LEO satellites
are ideal for a number of different applications. These advantages have sharply risen the
popularity of the LEO satellites in recent years. There are already LEO based commercial
mobile communication systems like GlobalStar in service and there are many other
similar projects on the designing board..

There are also some issues associated with LEO satellites. Because of relatively smaller
distance and higher relative velocity to the ground stations the LEO satellite systems have
their own channel characteristics. These characteristics cause a number of problems like
selective fading and Doppler shifts. [3] [8] [9]. This paper present a relatively simple
non-feedback adaptive equalizer which can combat the selective fading associated with
the LEO channels The non-feedback means that the adaptation time is much faster
compare to some conventional equalizer with feedback.
In this paper first the principles of the equalizer explained and then the hardware
schematics is presented. Finally some actual measured results will be presented.

SELECTIVE FADING

Before describing the equalizer, lets look at the effect of the selective fading on the data
and the creation notch. In order to analyze the selective fading lets look at the dynamic
characteristics of a two path propagated signal. A received signal r(t) after going through
a two separate paths can be represented by [3] [7] [11] [12] [13]:

I) )()()( τ−+= tbststr

The impulse response of the channel is:

II) )()()( τδδ −+= tbtth

If the transmitted signal is given by ])(Re[)( 2 tfj
l

cetsts π= , where )(tsl  is the equivalent low
pass signal, the received signal may be expressed in the form of:

III) ]2)(Re[)( tfjetlrtr c
π= )()( thts ∗=

where cf  is a carrier frequency and )(trl  is the equivalent lowpass signal in the receiver.
By substitution of (II) into (III), the received signal is:

IV) }2)]()(Re{[)( c
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π∗=

The impulse response )(thl  of the equivalent low pass system for the band pass system in
(II) is given by

V) )()()( τδθδ −−+= tjbettlh



where τπθ cf2= . It should be noted that the impulse response h(t) in the RF band is real-
valued and its equivalent impulse response )(thl  in baseband is complex-valued.

Using a number of impulse responses (representing different paths) h1 to hn where hn is
defined:

VI) )()()( ntjenbttnh τδθδ −−+=

Different bn and the delay τn and simulating different paths. The frequency response of
each path is calculated by using FFT function:
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The Data is calculated by using the VII transfer function Hn:

VIII) ))
1

*)(( ∑
=

=
N

n
nHDataFFTIFFTData

By substituting VII in VIII we get:
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THE NON-FEEDBACK ADAPTIVE EQUALIZER

The following figure shows the schematics of the equalizer:

I) Control Circuit
II) Equalizer Rack
III) Decision Circuit

The control circuit detect the notches and the notch depts. Then this information is
forwarded to the decision circuit which decide the location of the artificially added
notches and their respective depts. The location of the artificial additive notches are
decided by the switching systems and the depth are adjusted by the adjustable attenuator
(attenuator cascaded by an amplifier) the signal. The modified and equalized signal is
then sent to the FQPSK demodulator [7] [11] [12] [13].
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Figure(1) Non-feedback adaptive equalization scheme

THE PRINCIPLES

The multipath propagation and selective fading environment causes notches on the
spectrum. Dependent on the location of the notch/notches different BER is obtained. One
way to improve the BER performance is by addition of notches on the right locations. [7]
[11] [12] [13]

Lets assume the multipath and selective fading has caused a single notch. There are three
possibilities and three solutions:

1) If the notch is on the left then we simply add an additional notch to the right side of
the spectrum

2) If the notch is in the center then we add two notches to both the left and the right side
of the spectrum

3) If the notch is on the right then we simply add an additional notch to the left side of
the spectrum

CONTROL CIRCUIT

The main task of the control circuit is to understand the existence of the notch and its
location. The control circuit detect the notch and its location by measuring the power in
narrow bands around certain frequencies at different locations.

The following figure shows an illustration of the notch and the power measured around
certain frequencies. The control circuit starts by measuring the signal power in a narrow
band around three different frequencies f1, fc and f2. One of the following possibilities
exist:

1) Measured power at f1 is lower by certain margin than the measured power around f2:
Interpreted as there is one notch on the left side of the spectrum

2) Measured power at fc is below the threshold: Interpreted as there is a notch in the



center of the spectrum
3) Measured power at f2 is lower by certain margin than the measured power around f1:

Interpreted as there is one notch on the right side of the spectrum
4) All measured power are below their thresholds:
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Figure(2) Spectrum with notch at different location

What was illustrated here was a one tap equalizer. This method can be leveraged to more
than just f1 and f2 to f(N/2-K) and f(N/2+K) where the N is the total number of the
frequency divisions.

CONTROL CIRCUIT SCHEMATICS

The following figure shows the schematics of the control circuit. The signal is passed
through a splitter for measuring the power at three different center frequencies. In order
to slice the spectrum to small bands around specific frequencies, a combination of a
mixer and a narrow band Butterworth filter is used. The output of from the Butterworth
low pass filter is passed through an envelope detector. The output voltage from the
envelope detector is directly proportional to the power level in the narrow band.

Now by analog digital conversion of the out put signal we will get a number that is
equivalent to the power around a specific frequency. This number is then send to the
decision circuit.
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Figure(3) Control circuit

EQUALIZER RACK

After the detection of the notch and its location the equalizer improve the BER/BLER by
addition of additive notches [7] [11] [12] [13]

1) If the notch is on the left then we simply add an additional notch to the right side
of the spectrum

2) If the notch is in the center then we add two notches to both the left and the right
side of the spectrum

3) If the notch is on the right then we simply add an additional notch to the left side
of the spectrum

So if we have a set of notch adders for both left or right or left and right, we can simply
add the proper notch by switching the signal through the right path [7] [11] [12] [13]
[15]. This set of additive notch creators and the switching mechanism is what I call the
Equalizer Rack. The following figure shows the schematics for the Equalizer Rack.

If we have more than one tap then the equalizer rack is going to add more notches to the
left or right. For more than two notches the left and right is presented by f(N/2-K) and
f(N/2+K) where the N is the total number of the frequency divisions.
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DECISION CIRCUIT

The switching system, in the equalizer rack is controlled by a circuit called Decision
Circuit. The decision circuit also gives an input signal for the adjustment of the attenuator
in the equalization rack which determine the notch depth.
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Figure(5) Decision circuit

PRELIMINARY HARDWARE RESULTS

To obtain this results a FQPSK modulated signal [1] [2] and a Haghdad dynamic LEO
satellite channel simulator (hardware) [3] were used.

The following figures show a modulated FQPSK signal before and after the Haghdad
simulator.



Figure(6) FQPSK signal before(left) and after (right) the channel

The following figures shows the Eye diagram without selecting fading, with selective
fading and after equalization. Please note that this result are preliminary results and only
obtained for one tap (one notch) and further study is required. As it is shown in the
equalized Eye diagram, the eye is more open which means a better BER performance.

Figure(7) Eye diagram after the channel with no selective fading

Figure(8) Eye diagram before (left) and after (right) the equalization



DYNAMIC SOFTWARE SIMULATION OF THE ADAPTIVE EQUALIZER

The MatLab simulation is based on the same principle as the hardware. The following
preliminary results were obtained using a FQPSK signal [1] [2] and the Haghdad
dynamic LEO satellite channel simulator [3].

Figure(9) FQPSK signal after Haghdad dynamic LEO satellite channel simulator

Figure(10) Eye diagram before (left) and after (right) the equalization

CONCLUSIONS

A Non-feedback adaptive equalizer for LEO satellite systems were presented. The
principles of this equalizer is based on adding notches to the spectrum in order to combat
the selective fading of the LEO satellite channel. The location and the depth of the added
notches were based on comparison of measured power around f(N/2-K) and f(N/2+K).
The principles and the schematics were in detail described.

An FQPSK modulated signal were distorted by a Haghdad LEO satellite channel
simulator and the distorted signals were equalized with a one tap non-feedback adaptive
equalizer. The tests were done both in hardware and software and preliminary results in
both hardware and software show improvements in the eye diagram and consequently
BER.
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ABSTRACT

In response to a NASDA decision to upgrade their satellite ground network (GN) to provide
worldwide coverage as well as interoperability with other agencies, MELCO has assembled remote
ground stations that include the L-3 Communications Telemetry & Instrumentation (L-3 T&I)
NETstar 20001 TT&C system.  Software developed by Mitsubishi Electric Corporation (MELCO)
controls a variety of COTS products in the remote stations, including the L-3 T&I system. L-3 T&I’s
TT&C system provides modem services, high accuracy ranging, Doppler compensation, command
verification, and CCSDS protocol processing for a wide range of LEO/MEO/GEO satellites.
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INTRODUCTION

NASDA (National Space Development Agency of Japan), Japan’s Space Agency, launches satellites
by their own rockets, operates Japanese satellites, and supports satellites of foreign agencies by
request. NASDA also requests foreign agencies to support Japanese satellites with tracking coverage
outside the existing Japanese Ground Network (GN), which has narrower coverage than the New
GN. In order to have worldwide commonality for interoperability and flexibility to interface between
satellites and the ground, NASDA is adopting a new data system recommended by CCSDS
(Consultative Committee for Space Data Systems). NASDA plans to reduce costs by using
commercial-off-the-shelf (COTS) equipment to support compatibility testing.

                                                       
1 NETstar 2000 has recently been renamed Astra™.



Mitsubishi Electric Corporation (MELCO) selected the newest generation of TT&C products from
L-3 T&I (NETstar 2000) as the equipment to meet their system requirements.

Part 1:  NASDA NEW GROUND NETWORK (GN) SYSTEM CONCEPT
(Izumi, Fujiwara)

NASDA planned to develop a New GN to:

(1) Renew the existing GN and start to operate satellite launches in the summer of 2002
(2) Adapt the new data system recommended by CCSDS
(3) Reduce the operational cost (automatic unmanned station operation with PC control and
WAN)
(4) Expand the tracking capability for worldwide coverage (increase foreign stations from
1 to 4)
(5) Install the Tsukuba Test Station with a cable interface point with the satellite in order to
reduce the cost of the Satellite Simulator and the travel required to each station for
compatibility testing
(6) Ensure all stations have the same design and manufacturing to have the capabilities
described in above items (4) and (5).

The New GN configuration (Figure 1) consists of the two main location areas, Tsukuba Control
Center and 7 remote stations (3 domestic plus 4 overseas). The Tsukuba Control Center includes the
Satellite Test Building, Space Management Control System, and other systems outside of the New
GN system. Tsukuba is the only interface point not only to Japanese users, but also to foreign
agencies. Therefore, the New GN requires the Tsukuba Control Station to interface with outside
operators. The Tsukuba Test Station is installed in the Satellite Test Building. Each remote station is
run without an operator other than maintenance staff, using automatic and remote control capabilities
from the Tsukuba Control Station to reduce operational cost.

(1) 3 domestic stations and 4 overseas stations (Figures 2 and 3)
(2) Earth station and Tsukuba Control Center is connected via WAN (TCP/IP)
(3) All earth stations and test stations are controlled at Tsukuba Space Center
(4) Each station tracks satellites independently and automatically
(5) New GN has interface from/to other systems such as FDS (Flight Dynamics System),
SMACS (Spacecraft Management Control System), RTEP (Real-Time Trajectory Estimation
Program), and GEANS (TLM/CMD Protocol Converter for NASA/ESA)

The Tsukuba Test Station Concept is designed:

(1) To use the same equipment as the earth station
(2) To conduct compatibility testing between the earth station and satellite prior to launch



The Tsukuba Control Station Concept includes:

(1) Operation Planning
a. To supervise the operation plan for all stations
b. To supervise the database for all stations

(2) Terminal — To monitor and control all stations by connecting to Ground Controller via
WAN
(3) Network Controller – To monitor status of router and traffic with SNMP (Simple
Network Management Protocol)
4) Tsukuba Controller

a. To supervise Tsukuba NETstar 2000
b. To convert protocol between Tsukuba NETstar 2000 and SMACS

The Tsukuba NETstar 2000 Concept is designed:

(1) To provide interoperability with other organizations’ stations
(2) To process CCSDS telemetry, which is received from foreign agency (NASA/ESA)
stations via GEANS, and to transmit Packet Telemetry to SMACS
(3) To process CCSDS commands received from SMACS and to transmit CLTUs to foreign
agency stations via GEANS

The trackable satellite is:

(1) Satellite on lower than geostationary orbit
(2) From the launch period to orbit
(3) New GN interface to the satellite through USB RF frequency with 1 Mbps maximum
transmission rate of telemetry (in order to support real-time transmission of more than a few
10’s of kbps between station and Tsukuba Control Station, the WAN has to be upgraded to a
higher bandwidth line)
(4) To track the satellite for zenith position and on lower circular orbit more than 500 km
high

The station has two major mechanical assemblies (Figure 3), a 10m-diameter structure and a shelter.
The antenna has the functions of transmit/receive in USB frequency, with 3-axis movement for
zenith tracking and 4 channels LNA, as well as a downconverter. The shelter includes RF, the
NETstar 2000, a PC, and network equipment (leased line and backup ISDN line). This simple
mechanical configuration is very useful for transportation and has a simple civil/power/
communications interface. The shelter has a 1 kW solid state power amplifier, an upconverter, a
telecommand echo downconverter, a 4-channel diversity tracking receiver with pre-combiner, a
NETstar 2000 with modem/decom/ranging and Doppler measurement/CCSDS, a time standard and
10 MHz frequency reference, a PC for unmanned and automatic operation, and network equipment
(Figure 2). NASDA awarded New GN system integration to MELCO, and MELCO awarded
Modem/Decom/Ranging and Doppler measurement/CCSDS to L3 T&I. MELCO and L3 T&I are in
the factory integration phase.



Figure 1.  Tsukuba New GN System and Global Network
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Figure 3.  Ground Station (New GN): 10m Tracking Antenna with Electronics Shelter at Left

Part 2: MEETING NEW GN NEEDS WITH L-3 T&I’S NETSTAR 2000
(Sutton, Meyers, Willis)

Key challenges from the MELCO and NASDA requirements that have been met include:

(1) Providing TT&C support for a wide variety of satellite missions, including LEO, MEO,
GEO, and elliptical orbits
(2) Overcoming range measurement bias and random errors in the presence of high Doppler
dynamics
(3) Maintaining high-performance, multi-mode signal acquisition and demodulation in the
presence of high Doppler dynamics
(4) Combining SATCOM MODEM signal processing and digital CCSDS and TDM
processing in the same box
(5) Maintaining reliable and repeatable performance



L-3 T&I started a project to develop the ultimate, multi-mission telemetry, tracking, and
commanding (TT&C) MODEM before MELCO selected NETstar 2000 for the NASDA New GN
program. We not only wanted to provide superior parametric performance in key areas like range
and range rate accuracy, lock-on performance, spectral purity, and bit error rate (BER), we wanted to
achieve these parameters under a wide variety of challenging input signal conditions, including high
Doppler (LEO and elliptical orbits) and low signal-to-noise ratios (S/No). Additionally, the system
had to adapt to a wide range of different data structures, modulation formats, and ranging techniques.
The result was a good fit for MELCO’s needs.

To achieve both the flexibility and performance required, we needed to apply the latest
advancements in digital signal processing and build a software-driven TT&C MODEM. In reality, it
needed to be not just software-driven, but software/firmware-driven. Field programmable gate arrays
(FPGAs) were selected to handle high-speed DSP for data rates above a few hundred ksps. We did
consider application specific integrated circuits (ASICs), which are very powerful and cost-effective.
However, their operation cannot be changed, and NASDA’s application environment requires the
highest flexibility available. DSP microprocessors were selected for low rate operations, including
automatic gain control (AGC) and automatic frequency control (AFC) loops.

There are many advantages to DSP implementations. First, there is no component aging like one
sees in an analog modem. After ten years, the DSP algorithms will perform in the same manner as
they did on the first day. L-3 T&I’s next-generation TT&C system uses FPGA and DSP
microprocessor-based designs, which can easily adapt to new and different modulation or
demodulation schemes just by loading new firmware.  An additional benefit to using DSP processing
is that it is very easy to implement filters with perfectly flat differential group delay characteristics,
which is critical in a high-performance ranging system.

In all coherent turnaround ranging systems, the time delay of a ranging signal from the ground
station’s signal generator to the spacecraft transponder and back again to the ground station’s range
processor is measured. This time delay is then converted to range using the property that the
electromagnetic waves travel at the speed of light. Notice that this is a closed loop system.
Everything in the loop affects the range delay measurement to some extent. Since most TT&C
systems use linear Phase Modulation (PM) as the final modulation stage, the phase characteristics of
each element in the loop are important. Circuit propagation delays, non-linear phase characteristics
in filters, AGC phase variations, local oscillator phase noise, A/D and D/A aperture uncertainty, as
well as atmospheric distortions of the electromagnetic wave are only some of the range error
contributors. Most ranging systems account for static propagation delays or phase shifts through both
the satellite transponder and the ground station. However, it is the dynamic phase shift elements that
are most troublesome. These are the errors caused by signals moving in frequency through filters and
phase shifts that are common in most AGC designs.

Obviously, anyone attempting to design a high-performance ranging measurement system must
incorporate the design of the complete TT&C system, including modulators, demodulators, up/
downconverters, power amplifiers, and, of course, the satellite transponder. L-3 T&I has optimized
the most critical areas of the ground station, including the IF processing, modulation/demodulation,
and range processing. We have also incorporated a special DSP processing algorithm, which
overcomes a critical limitation of classic tone range processing systems.



Most tone range processors to date have used phase-locked loops (PLLs) to lock onto the frequency
and phase of the noise and Doppler-corrupted receiving tone. To achieve high accuracy, classic
system designs typically used very small loop bandwidths to reduce random errors on the PLL.
However, if the signal happened to move because of residual Doppler (LEO and MEO orbits), bias
errors would develop in the PLL. So there has always been a trade-off between loop bandwidth
(random errors) and bias errors, which limit tone range system accuracy.

L-3 T&I has found a way to get both low random errors and low bias errors at the same time. Our
system uses a digital PLL (DPLL) and follows it with a series of DSP processing algorithms that
unwrap the phase difference between the transmit tone and receive tone and apply unique algorithms
to phase-difference data. The DPLL can be operated at relatively high loop bandwidths because the
unique processing algorithm acts like a tracking filter. The algorithm reduces the random errors,
while following the difference signal dynamics. Since, the DPLL can be operated at a higher loop
bandwidth, bias errors are greatly reduced. Actual systems testing has shown that the combination of
this superior DSP-based tone range processor and a system design that is optimized for ranging
accuracy has produced a TT&C system with nearly theoretical performance.

The NETstar 2000 design is now complete and the result is a highly versatile, modular, high-
performance system for satellite TT&C in a PC chassis.  The system runs under the NT operating
system with highly portable Java control software.

Physically, the systems provided to MELCO for use in the New GN program for NASDA consist of
a large, industrial grade PC that holds the 14 modules required to meet NASDA’s demanding needs
(see Figure 4).

Figure 4.  Rack-Mount TT&C System Chassis with Flip-Up Display



The modules shown in the block diagram (Figure 5) constitute five major subsystems:

(1) Uplink
(2) Downlink
(3) Command Echo Verify
(4) Ranging
(5) Data Processing
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Figure 5.  NASDA New GN NETstar 2000

System Components
The Uplink subsystem consists of the IF Transmitter module and a DSP-based Uplink Processor.
The Uplink processor creates a baseband signal with main modulation of either direct BPSK/QPSK
or linear PM with secondary modulating signals, including direct PCM, up to two tunable
BPSK/QPSK subcarriers, and ranging signals. L-3 T&I’s next-generation TT&C system currently
supports multitone ranging. However, development plans include PRN ranging for SGLS , GSTDN,
and MPTS ranging. The IF Transmitter takes the baseband I/Q digital data from the Uplink
processor and performs digital-to analog (D/A) conversion, filtering, quadrature upconversion to 68-
72 MHz (70 MHz, nominal). Besides being able to set the output frequency, the system can scan the
output frequency to aid the satellite in locking on. The IF Transmitter provides good spurious
suppression of <–60 dB.



The Downlink subsystem consists of IF Receiver, Downlink Processor, and Subcarrier Processor
modules. It is able to receive and demodulate any of the signals produced by the uplink in order to
support loopback testing. It can perform main carrier linear PM or BPSK/QPSK demodulation and
can also, in composite linear PM demodulation mode, receive and demodulate PCM and/or up to
two BPSK/QPSK subcarriers and ranging signals. The IF Receiver is optimized for low group delay
and low noise for the support of highly accurate ranging in LEO spacecraft. The system performs
Fast Fourier Transform (FFT) processing on the incoming signal to aid in rapidly acquiring the
signal, even when Doppler shifts the signal by up to 160 kHz at rates up to 3 kHz/second.

Key to performing both high-performance IF processing and digital processing in the same chassis is
a set of proprietary techniques for shielding the IF components from the noisy digital environment.
These techniques have proven highly effective in producing noise floors in the IF receiver of -100
dB.

A second set of IF Receiver and Downlink Processor modules perform command echo verification
to detect whether the command that went out the antenna matches the command that was to be sent.

The Ranging subsystem consists of the NRTP-PCI DSP Range Processor working through the
Uplink and Downlink Processor modules. This combination of modules generates, modulates,
receives, demodulates and compares a series of tones to determine satellite range accuracy to better
than 1 meter rms, even in high Doppler (500 Hz/sec) conditions. The IF architecture provides a
mechanism for continuous downlink Doppler detection, called the Doppler Error Metric circuit. This
circuit enables the TT&C system to perform continuous integrated Doppler measurements.  Then,
the integrated Doppler information is used to calculate multiple differential ranging solutions, and
when combined with the range measurement, forms a high accuracy range and range rate (RARR)
measurement.

For cost-effectiveness and versatility, the Ranging, Uplink and Downlink modules of the NETstar
2000 are all based on the general-purpose Advanced Processing Module (APM). This module
consists of a set of FPGA and DSP chips that enable the system to be set up to perform a wide
variety of processing functions just by loading different images into the APMs. In this way, within
minutes, the system can be set up and checked out to service a different satellite type requiring
different demodulation methods. This same capability enables the upgrade of system performance in
the field with just a new software load.

The remainder of the modules in the system were provided to support digital signal processing. The
Viterbi decoder module performs soft-bit decoding of convolutionally encoded signals. The CIO
frame syncs (with sync logic), derandomizes, and performs Reed-Solomon and CRC processing in
support of the CCSDS recommendation for downlink signals. It also supports CRC and
randomization functions for the uplink commands. The IRIG board decodes IRIG-B and provides 1-
2 microsecond accuracy timing to the other modules.

The Time Interval Analyzer card supports integrated range rate (Doppler) processing.



The PC/NT processor supports the balance of the CCSDS and telemetry frame/subframe/measurand
processing.

System Software
The NETstar 2000 is designed to work with two relatively new software packages from L-3 T&I:
Impact and Vista. Impact provides full CCSDS processing compliant with both conventional
(Telecommand) and AOS recommendations for both the uplink and downlink.  Vista provides
system setup and control completely via a powerful application programming interface (API). Both
Impact and Vista are implemented in Java for complete portability between workstations and for
remote use over Ethernet networks. A GUI used on a flip-up flat panel display also uses the API. In
the New GN application, part of the Vista is located on a server workstation and communicates via
RMI (Remote Method Invocation) over an Ethernet LAN to the PC. Static information is held in a
database in the system grouped by “project.” Each satellite is a different “project,” so all of a
satellite’s standard characteristics can be stored and later recalled and/or modified for use in
supporting a pass.

A variety of test capabilities are provided with the NETstar 2000 to aid in initial system integration,
routine system checkout just prior to a satellite pass, and/or system fault isolation. These include:

(1) Loopback test capability of each modulation/demodulation mode
(2) BER testing
(3) Telecommand decoding to complement the telecommand encoding capability
(4) Ranging calibration procedure to zero out ground delays
(5) Command monitor display to show the commands that reach the system
(6) PC Anywhere to allow remote manual operation of the system

CONCLUSION

L-3 T&I and MELCO have cooperated to provide the NASDA New GN program a high-
performance commercial baseband system to support LEO/MEO/GEO satellites. This system, called
NETstar 2000, is available as a COTS product for utilization by the space industry. The salient
features of high accuracy ranging and multimission capability offer users of the product a solution
that can support legacy, current, and future scenarios. Because this product is based on Windows NT
with a Java application programming interface, product obsolescence is not a factor. The major
feature of the system is that it can be used for all types of ground station scenarios, including launch
and early orbit, and station keeping. Since the hardware is configurable via firmware downloads, the
system is an ideal solution for users flying satellite products from multiple manufacturers.
Commercial ground stations of the future can be designed to use one hardware solution to “fly” any
type of satellite that the customer desires to purchase. Operator training and hardware and software
maintenance will be reduced, ensuring low life cycle costs over the life of the ground station.



* Significant parts of the material in this publication are based on the material which remains property of
the authors
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ABSTRACT

Dynamic hardware and software schemes for trajectory based simulation of LEO satellite
channel are presented and evaluated. The simulation models are based on the practical
LEO satellite channels and change dynamically with the trajectory using the latitude and
longitude of the LEO satellite as input.
The hardware simulator is consisted of a trajectory based selective fade generator, a
trajectory based Doppler shifter, trajectory based time shadowing simulator and a
standard channel for addition of noise, ACI and CCI. A FQPSK modulated signal is
passed through a trajectory based dynamic fade generator and the spectrum is distorted.
Then the resulting signal is exposed to a trajectory based dynamic Doppler Shifter,
simulating the passage of the satellite overhead. Then the proper AWGN, ACI or CCI is
added to the signal. At the final stage the signal is passed through a trajectory based time
Shadowing simulator.
The software simulator is a dynamic real time simulator written in MatLab and its
structure is similar to the hardware simulator.
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INTRODUCTION

In recent years the interest for communication over LEO satellites has risen sharply.
Communicating over LEO seems to be suited for different type of applications from
mobile to high speed internet access over satellites etc. There are already many LEO
based commercial mobile communication systems like GlobalStar in service.
This popularity is mainly due to the relatively small latency and lower power
consumption [3] [5] of the LEO satellite systems and it makes them ideal for a number of
different applications. In order to test and evaluate research related to LEO satellites a
practical dynamic LEO satellite channel simulator is very valuable. This is specially
factual considering the cost and complexity of life measurements over LEO satellites.

It is also important to note that I have used a FQPSK modulated signal[1] [2] [3] for
obtaining the results. However there is no significant correlation between the
functionality of this simulator and the modulation scheme. Consequently this simulator
works also for other modulated signals. The purpose of these paper is to present a
trajectory based dynamic LEO satellite channel simulator both in hardware and software.
In the following sections first a trajectory based geographical configuration is developed
then the dynamic software and hardware simulator will be presented with detail
description of all components.

GEOGRAPHICAL CONFIGURATION

Before developing any model for selective fading, Doppler shift and shadowing we need
a model for the geographical representation of the LEO satellite relative to the ground
station. The distance between the satellite and the ground station is fairly dynamic and
nonlinear and dependent on a number of variables. By assuming a spherical earth and by
knowing that the orbit of the LEO satellite is elliptical [11]:

Figure(1) Geographical Configuration of LEO Satellite [11]

Where: R: Distance between the satellite and the user terminal r: The radius of the earth
h: Altitude of the satellite a: r + h P: sub-satellite point αα: Satellite’s elevation angle A:



Ascending node ΨΨ: Separation between the satellite and the ground terminal 
sθθ : Orbital

angle of the satellite orbit 
eθθ : Time varying longitude of the ground terminal i: Orbit

inclination angle 
sT : Satellite’s latitude 

sG : Satellite’s longitude 
eT : Ground terminal’s

latitude 
eG : Ground terminal’s longitude

we can calculate the distance between the satellite and the ground station as [11]:

I) [ ])(cos***222)( traratR ψ−+=

Where the Ψ(t) is the separation angle between the user terminal and the satellite. Since
we are interested in understanding of the separation angle based on the geographical
parameters we can drive the Ψ(t) as [11]:
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Since 
sθθ and 

eθθ are not easily applicable, it is more preferred to calculate the distance

based on the satellite position. So we can rewrite the equation VII in the more applicable
parameters [10] [11]
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Now using equation IV the R(t) can be rewritten as:
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Where 
sT ,

sG  and 
eT ,

eG are respective satellite and ground latitude and longitude

DYNAMIC SOFTWARE SIMULATOR

The following figure shows the block diagram for the simulator. The signal is first shifted
by the Doppler shift simulator. Then the shifted signal is exposed to selective fading then
the AWGN is added and in the final stage the time shadowing impact the envelope of the



signal. All these component are dependent on the distance equation of the satellite R(t)
(formula V). The R(t) in each component is calculated based on the trajectory data. In the
following sections each of these components are explained in detail.

Doppler Shift
simulator

Selective fading
simulator +

AWGN ACI CCI

inS outSTime
Shadowing

Trajectory information based on
Te, Ge,Ts and Gs

Figure(2) Trajectory based dynamic channel simulator for LEO

TRAJECTORY BASED SELECTIVE FADING

Satellite dish

Satellite

Satellite

Satellite

R1(t)

R1'(t)
R2(t)

R2'(t)
Rn(t)

Rn'(t)

d Object

Figure(3) Trajectory based two path model

Before analyzing a trajectory based selective fading lets look at the dynamic
characteristics of a two path propagated signal. A received signal r(t) after going through
a two separate paths can be represented by [6] [7]:

VI) )()()( τ−+= tbststr

The impulse response of the channel is:

VII) )()()( τδδ −+= tbtth

If the transmitted signal is given by ]2)(Re[)( tfjetlsts cπ= , where )(tsl  is the equivalent
low pass signal, the received signal may be expressed in the form of:

VIII) ]2)(Re[)( tfjetlrtr cπ= )()( thts ∗=
here cf  is a carrier frequency and )(trl  is the equivalent lowpass signal in the receiver.
By substitution of (VII) into (VIII), the received signal is:
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The impulse response )(thl  of the equivalent low pass system for the band pass system in
(II) is given by

X) )()()( τδθδ −−+= tjbettlh

where τπθ cf2= . It should be noted that the impulse response h(t) in the RF band is real-
valued and its equivalent impulse response )(thl  in baseband is complex-valued. In my
dynamic MatLab simulator I use a number of impulse responses h1 to hn where hn is
defined:
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Where Rn(t) and Rn’(t) are the trajectory based distance of the satellite from the ground
receiver and the reflector (object), C is the speed of light and d is the distance between
object and the receiver. By substituting the Rn(t) and Rn’(t) using equation (V)
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Where 
enT ,

enG  and 
enT ' ,

enG' are respective receiver and the object’s (object number

n) latitude and longitude

Now by substituting the )(tnτ  in XIV we obtain a fairly realistic model of trajectory
based selective fading for LEO
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Although this provides a model for trajectory based selective fading simulation for LEO,
it can be further simplified for laboratory simulations. The result from each object is a
another propagation path that results in a moving notch on the spectrum. Instead of really
putting realistic latitude and longitude for each object we can simply replace them with a
moving notches across the spectrum.

TRAJECTORY BASED DOPLER SHIFT

Another characteristic of LEO channel is the Doppler shift resulted from the movement
of the satellite relative to the ground station. [3] [4] [5] [8].[9]
The center frequency after the Doppler shift for the LEO satellites is dffcf +=

C
V

fcdf
∇= *  and typically is in the order of 100Hz to few KHz [5].

V∇  is the relative velocity of the satellite relative to receiver and can be obtained by the
time derivative of the distance function (V).
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Substituting the trajectory distance function equation (V) the frequency after the shifting
can be obtained by:
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TRAJECTORY BASED TIME SHADOWING

As the satellite moves the distance R(t) changes based on the satellite trajectory. The
received power is also changed based on the relative distance to the ground receiver. The
closer the satellite the powerful is the signal The power is proportional to inverse square
of the distance. So the time shadowing factor can be represented by:
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By substituting equation (V) the trajectory based power fluctuation can be simulated by:
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DYNAMIC SOFTWARE SIMULATION RESULTS

The following figures show results from my dynamic channel simulator. Here the bit rate
is 1Mb/s and the center frequency is 70MHz. The results show the notch in different
position and its impact on the eye diagram.

Figure(4) Dynamic simulation result notch at different locations



DYNAMIC HARDWARE SIMULATION OF THE LEO SATELLITE CHANNEL

The principle and the basics of the simulator is the same as the software simulator and it
was described in the previous section. The overall hardware simulator consists of the
following and it will be described in the following sections:

1) Trajectory based selective fading simulator
2) Trajectory based Doppler Shift simulator
3) Trajectory based additive noise simulator
4) Trajectory based time shadowing simulator

TRAJECTORY BASED SELECTIVE FADING HARDWARE SIMULATOR

By changing either the delay or the phase we can generate different notches at different
locations. By shifting the phase continuously the location of the notch changes across the
spectrum and it appears as the notch sweeps across the spectrum [3] [5] [8].

The following figure shows the hardware block diagram for a multi paths selective fade
simulator for LEO. By using a voltage control phase shifter we can simulate the satellite
movement by using voltages proportional to the phase shift (equation XVI) resulted from
the movement of the satellite.

Splitter

D/A

Voltage control Phase

Shifter (φ)(φ) Attenuator 1
Delay

(τ1)(τ1)

+
)(ts

Stored (φφ ) values for different trajectory
information (Te, Ge,Ts and Gs)

Voltage control Phase

Shifter (φ)(φ) Attenuator 2
Delay

(τ2)(τ2)

Voltage control Phase

Shifter (φ)(φ) Attenuator n
Delay

(τ(τ n))

Figure(5) Selective fading simulator

TRAJECTORY BASED DOPPLER SHIFT HARDWARE SIMULATOR

The following figure shows the Doppler Shift simulator It simply consists of a down
converter to the base band and again an up-converter to dffcf += . By feeding a
voltage proportional to the trajectory based Doppler Shift (equation XIX) to the VCO we
can simulate the Doppler Shift.
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Figure(6) Doppler shift simulator

PRELIMINARY HARDWARE RESULTS OBTAINED FROM MY CHANNEL
SIMULATOR

The following figures shows the preliminary hardware result obtained with the hardware
simulator. The modulation is FQPSK. [1] [2]

Figure(7) FQPSK before (top left) and after the channel



CONCLUSIONS

In this paper a dynamic trajectory based LEO satellite channel simulator and some
preliminary results were presented. Both the hardware simulator and the software
simulator were based on the same principle.
The presented simulator is flexible. The required level of complexity is directly
correlated to the type of application. By adding more realistic details we can obtain a
more realistic simulator but more paths results in more complexity.
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ABSTRACT

Reducing spacecraft ground system operations costs are a major goal in all missions.
The Fast Auroral Snapshot (FAST) flight operations team at the NASA/Goddard
Spacecraft Flight Center developed in-house scripts and procedures to automate
monitoring of critical spacecraft functions. The initial staffing profile of 16x7 was
reduced first to 8x5 and then to ”lights out”. Operations functions became an offline
review of system performance and the generation of future science plans for subsequent
upload to the spacecraft. Lessons learned will be applied to the challenging Triana
mission, where 24x7 contact with the spacecraft will be necessary at all times.
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INTRODUCTION

After a two-year delay due to launch vehicle problems, the Fast Auroral Snapshot
(FAST) Explorer spacecraft was launched from Vandenburg Air Force Base on August
21, 1996. Its primary mission was a one-year observation of the Earth’s magnetic field
above the polar regions. The highly successful mission was extended and continues to
perform its scientific program today. Ground operations support was provided by NASA
at the Small Explorer (SMEX) control center facility at the Goddard Space Flight Center
(GSFC) in Greenbelt, Maryland. Because of budgetary constraints and a desire to transfer
spacecraft operations to the Principal Investigator (PI) home facility at the University of
California at Berkeley (UCB), FAST operations personnel developed automation
concepts and techniques to eliminate the need for man-tended passes and simplifying
operations as much as possible.

OPERATIONS CONCEPT

Because of the volume of science data generated by the FAST complement of
instruments and the limited amount of on-board data storage, frequent contacts with the
ground are required. These circumstances drive the requirement to have a ground contact
every orbit resulting in 9 to 11 passes per day. The result is approximately 2 to 3
Gigabytes (GB) of telemetry downlinked every day. Because most of this data is acquired
in “real-time” with limited ability to save it, it is important that ground contacts succeed
in retrieving as much of this data as possible.

The original operations concept established a 16x7 level of staffing for the flight
operations team (FOT) to ensure the success of each FAST pass transfer of science data
to the ground network. This resulted in a staffing level at the FAST mission operations
center (MOC) of 3 console-level personnel per shift, 2 shifts per day for the life of the
mission. In addition, a mission planner supported operations 5 days a week on a half-time
basis. After the critical first six months of the mission when a northern winter science
campaign was conducted, manned staffing hours were reduced to an 8x5 level.

After the completion of two years of successful FAST science operations combined with
budgetary limits at NASA, there was a desire to reduce control center staffing levels as
much as practical to limit costs while not jeopardizing the science mission. There was
enough confidence in the spacecraft and ground system to operate the mission with one
8-hour shift, five days a week with no science commanding occurring over weekends. In
addition, ground network personnel at the Wallops Flight Facility provided 24x7 anomaly
support and Barker commanding on weekends. These operations changes resulted in a
FOT staffing level of 2 console personnel and a part-time mission planner.

With the approach of the Y2K initiative, a new ground system architecture was
developed for the FAST control center. This architecture included the introduction of the
Integrated Test and Operations System (ITOS) for spacecraft command and control



functions in March 1999. In addition, NASA GSFC’s Spacecraft Emergency Response
System (SERS) was under development to provide automated spacecraft monitoring
functions and paging of personnel in the event of anomalous conditions. The combination
of ITOS and SERS provided an opportunity to automate routine operation functions and
notify off-duty personnel in the event a spacecraft or ground anomaly which threatened
the loss of science data or the spacecraft itself. FAST operations milestones and
corresponding adjustments to FOT staffing are presented in Table 1.

Table 1. FAST Operations Milestones
Date Operational Milestone

August 1996-March 1997 Commence 16x7 manned operations
March 1997 Transition to 8x5 manned operations
March 1999 Transition to ITOS command and control system
June 1999 Start development of lights-out automation concepts
August/September 1999 Conduct operations testing of automation operations
October 1999 Transition FAST operations to PI facility

AUTOMATION CONCEPT

In June 1999, the FAST control center operations team developed a two-phased
automation concept. The first phase was to automate the activities performed during a
FAST space-to-ground contact including the sending of commands. The second phase
was to devise a method to monitor critical spacecraft and payload telemetry and notify
operations personnel when anomalous conditions were evident.  Figure 1 provides a
system level perspective on the automation concept.

Figure 1. FAST System Level Automation Concept
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The automation of routine space-to-ground activities with ITOS was achieved in seven
steps. First, a schedule-driven approach was adopted. A weekly ground contact schedule
was ingested into ITOS from the ground network scheduling system. This schedule
provided ITOS with the acquisition of signal (AOS) and loss-of-signal (LOS) times for
each ground contact. Second, at 20 minutes prior to AOS, ITOS would  setup the pass
configuration, listen for telemetry and command connection requests from the designated
ground station, open a new spacecraft events log file for the coming pass, and activate
mnemonic monitoring scripts for the pass.  Third, at AOS, ITOS would determine what
command activities to perform using a pre-determined, prioritized list of activities. These
activities were uploading the daily spacecraft functions (e.g., transmitter on/off times,
science observation timeline, recorder dumps of science and/or spacecraft event message,
etc.), uplinking the Solar ephemeris files, spacecraft clock adjustment commands, and
watch dog commands. Fourth, at LOS, after ground station connections were dropped or
ground station information denoted the end of the spacecraft transmission, ITOS would
perform close out pass log files and disable monitoring schemes.  Fifth, at around LOS+1
minute, ITOS would produce a pass summary of all the spacecraft event activities that
had transpired during the pass as well as any problems or failures, i.e., daily load not
received by the spacecraft for example. These failure notices were sent to the SERS event
log file as well. Sixth, If a once-a-day activity was successfully concluded during a pass
(uplink of the daily load file), ITOS would automatically flag this function so it would
not be performed again for the rest of the operational day. Finally, in the seventh step
ITOS would notify SERS via the event log file if the pass had a severe anomaly such as
no telemetry received or having uplinked commands not acknowledged by the spacecraft.

After the successful automation of routine pass operations, the next step was to automate
the identification of anomalous conditions and alert operations staff if action needed to be
taken. This task was accomplished with the use of the SERS. First, operations personnel
identified key telemetry and command engineering data that were critical to the safety of
the spacecraft and instruments. If left unchecked, the spacecraft could go into a safehold
condition or worse. Once these parameters were identified, the staff determined an
acceptable time interval under which such an anomalous condition could exist before
corrective action would be required. Next, the type of corrective action was identified for
each monitored parameter. These actions included logging the event, issuing a page
and/or sending an email to a designated staff member, or even sending a command to the
spacecraft autonomously to correct the condition. In the event a page or email was issued,
if it was not acknowledged within a pre-determined time interval, additional personnel
would be notified according to a priority list. Operations personnel would receive a brief
informational message with the page or email to apprise them of the particular problem.
Additional information was available via an Internet link which provided detailed
spacecraft logs and telemetry. If immediate action was required, the staff member would
report to the control center to perform the corrective action. Off-site commanding was not
permitted. In addition, previous space-to-ground contact information was viewable by
off-site personnel at any time. Figure 2 provides a graphic representation of the process
used to implement the automation concepts.



Figure 2. FAST Automation Concept
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“lights-out” operations began 24x7.  Full-automated operations continued until the
operations transitioned to UCB on October 4th, 1999.

RESULTS

During the 40 days of “lights-out” operations, the automation procedures encountered
only 1 failed attempted at loading a stored command load.  The reason for the failed
attempt was a ground station uplink problem.  The stored command load was successfully
loaded on the following support.

ITOS and SERS detected three spacecraft anomalies during the 40-day period.  The FOT
was notified of all three anomalies by pager and email.  Corrective action took place with
minimal impacts to operations.

During the operational use of the automation concept, 100% of spacecraft engineering
data was recovered along with 99.74% of science data.  This reflected the same data
recovery statistics when FOT supported passes before “lights-out” automation.

A summary of the activities the FAST automation system performed during September
1999 is presented in Table 2.

Table 2. FAST Automation Events and Anomalies for September 1999
Activity Frequency Successful

Attempts
Failed

Attempts
Stored Command Loads Once per day

between
Monday-Friday

29 1

Sun Nadir Loads Once per day
between

Monday-Friday

29 0

Engineering Data Operations
– Clearing Recorded Data

Twice per day 80 0

Engineering Data Operations
– Verifying expected data

 dump, re-dumping if needed

Every pass 8 re-dump
attempts

0

Clock Drift Check Once per day 40 0
Spacecraft Event Dump

verification
Every pass 15 successful

event re-dumps
0

No-Op Command Every pass N/A N/A

 As evidenced by the table, the system performed extremely well. A total of 520 space-to-
ground contacts were supported by the automated system. Four anomalous conditions
were handled without human intervention. As a result of this success, when the flight
operations responsibility for FAST was transferred to the PI home facility at UCB the
following month, the automated system was transferred intact. Although the system



operated at GSFC for a short time, the operations team determined that the new system
required only one full-time, 8x5 console position to operate the mission. The duties of
this staff member also included the mission planning functions.

LESSONS FOR TRIANA

The Triana spacecraft currently in development will be operated on-orbit in the SMEX
control center. Operationally it is a demanding mission because it will be transmitting
telemetry to Earth continuously, 24x7 for 2 years or more.

The most important lesson learned from the FAST experience was that round-the-clock
nominal operations could be performed automatically without requiring human
intervention. Staffing hours for the mission have been aligned with the SMEX concept of
8x5 operations. Utilizing the FAST automation experience staffing levels for Triana are
targeted for two full-time personnel.

Three new approaches have been taken in the development of the automation concepts
for Triana. The first is that more extensive use will be made of SERS capabilities to
access insight into spacecraft events and the performance of the ground network used for
Triana. The Universal Space Network (USN) has installed ITOS at its ground station
sites. This will enable SERS to determine the results of commanding activities and notify
operations of problems related to the network as well as the spacecraft. This will be a
powerful tool for the mission. Second, a formal automation plan is under development for
Triana. Automation scripts and procedures are being tested and verified with the
spacecraft today during its integration and test phase. The results of these tests will help
refine the final procedures put into operations after the spacecraft has reached its
observation location at Lagrange point 1 and begins nominal mission activities. The third
approach concerns ITOS. In addition to the Triana MOC and USN using ITOS in the
telemetry and command flow, the Triana Science and Operations Center (TSOC) located
at the Scripps Institution of Oceanography in San Diego will be operating an ITOS
component. It will receive the Triana science from the MOC. The TSOC ITOS will
provide event logs for access by the MOC SERS which in turn will alert TSOC
operations personnel to system anomalies. This framework of ITOS and SERS
components throughout the Triana ground system lays the groundwork for powerful
automation capabilities in the future.

CONCLUSIONS

Significant automation of the FAST ground system was achieved in a relatively short
period of time at little cost. Because of the evolutionary approach of FAST operations
automation, implementation costs to a total “lights-out” system incurred by the operations
staff were minimal. There were no additional software costs associated with the
automation effort. ITOS and SERS software were provided by NASA/GSFC.



Overall system performance of the FAST ground system exceeded expectations with
almost no loss of science data while maintaining a healthy spacecraft. The reduction in
staffing achieved was 50% from the pre-automation levels. With an estimated investment
of three man-months of work to develop, install and monitor the automation concepts in
operations, the savings returned in subsequent staffing costs was well worth the effort. In
addition, the success of the automated system made possible the transfer of FAST
operations to the PI facility.

Leveraging the FAST experience for Triana has resulted in realistic staffing plans
supported by proven automation techniques and the development of more ambitious
automation schemes and procedures verified with the Triana spacecraft prior to launch.
Finally, the infusion of software systems and tools throughout the ground system will
support future advancements in the automation of Triana operations.
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ABSTRACT

This student paper was produced as part of the team design competition in the University of Arizona
course ECE 485, Radiowaves and Telemetry.  It describes a telemetering system design
recommendation for a small satellite capable of conducting scientific research regarding atmospheric
water content. This paper focuses on the subsystems required to send the scientific data and
monitored operational conditions from the satellite to, and commands to the satellite from, a ground
station.  A companion paper (Hittle, et. al.) focuses on the cross-link subsystem required to make the
scientific measurements and on the power generation and distribution subsystem for the satellite.
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INTRODUCTION

The University of Arizona SSP has been developing a microsatellite for three years (Hammond, et.
al). Although the satellite was originally intended to carry lightning and sprite sensor, the satellite
could be modified to carry the Crosslink Active Tropospheric Sounder (CATS).  CATS is an
experimental technique to acquire precise tropospheric profiles of water vapor and cloud liquid
water.

The CATS technique uses radio cross-links between two low-orbiting vehicles, the International
Space Station (ISS) and University of Arizona Satellite (UASat). These radio cross-links pass
through the atmosphere with a measurable absorption.  By analyzing the signal after it has passed



through the atmosphere, the water vapor profile can then be found.  There are several CATS system
goals.  The moisture sensor must be built and flown by modifying previous models to space
applications.  The UASat must also be modified to carry the sensor and other related sensors such as
GPS, navigation and timing sensors. Also, UASat must be modified for a flight of up to a year in
duration, as CATS requires a year to develop a water vapor profile.   Other goals are to generate
moisture profiles and develop retrieval algorithms and software. [Herman]

The satellite will make 7-10 minute passes over the ground station based at the University of
Arizona and transmit up to 25 megabytes/day.  Thus, all transmissions are limited to these 7-10
minute “windows”.  As well as the CATS data, satellite operation data will also be collected.  To
insure the robustness of the system, these considerations have been contemplated in the telemetering
system design. This paper focuses on the subsystems required to send the scientific data and
monitored operational conditions from the satellite to and commands to the satellite from a ground
station.

SYSTEM DESIGN

The design utilizes a 60 kg microsatellite with several sensor types monitoring satellite health and
experimental scientific data as seen in Figure 1.  These sensors include sun/horizon sensors, micro-
mechanical gyros, magnetometer, GPS receiver, reaction wheels, magnetotorquers, power system
sensors, thermal sensors, and a star-tracker.  The satellite then transmits this data over an amateur
radio band to an earth-based ground station during a seven to ten minute overhead pass.  The ground
station receives and archives the data.  During the overhead pass, the ground station also sends
operational commands to the satellite on a separate amateur radio band.

Fig. 1. Satellite Block Diagram



SENSORS

The following sensors will be onboard UASat and require transmission to the ground station:
1) Sun and Horizon Sensors--M three-axis sun sensors and I three-axis horizon sensors are used.

Each sensor type will return an azimuth and an elevation angle data with resolution of 0.1 °
and range of 0 – 360°.

2) Micro-mechanical Gyros--A three-axis micro-mechanical gyro with a resolution of 1 mV and
a range of +/-100mV is also included in the satellite design.

3) Magnetometer A three-axis magnetometer is also used in the satellite design. This
magnetometer will return two different types of telemetry data, which are an angle and a
magnitude.

4) GPS Receiver --The onboard computer in the satellite design will convert latitude and
longitude information from the GPS receiver into 4 octet words for transmission.

5) Reaction Wheels --Three reaction wheels are used for this project. Each reaction wheel will
have a resolution of 1 rpm and a range of 0 – 8000 rpm.

6) Magnetotorquers--Three magnetotorquers (MT1, MT2, and MT3) are used for this project.
Each magnetotorquer returns two different types of telemetry data, a current and a voltage.

7) Power System Sensors--M power system sensors are used for the satellite design. Each
sensor will return four different types of telemetry data, which are a battery voltage (BV), a
battery current (BC), a solar cell array voltage (SV), and a solar cell array current (SC). For
the battery voltage and current data, resolutions of 0.1V and 0.1A are used, respectively, and
ranges of 0-28V and 0-5A, respectively. For the solar cell array voltage and current data,
resolutions of 0.1V and 0.1A are used, respectively and ranges of 0-40V and 0-5A,
respectively.

      8) Thermal Sensors--The thermal sensors used for this project are thermocouples. Each
thermocouple will have a resolution of 0.1° and a range of –20 to 50°C. The levels and bits
required for each thermocouple can be calculated as follows:

9) Star-tracker--A three-axis star-tracker is also used in the satellite design. This sensor will
return azimuth and elevation angle data with resolution of 0.1° and range of 0 – 360°.

TELEMETRY FRAME SPECIFICATION

Telemetry data will be transfered via a 2 Mbps link operating at 2.4 GHz, adhering to recommen-
dations issued by the Consultive Committe for Space Data Standards (CCSDS). The proposed
system is packet based for real-time spacecraft health data and telecommand, but uses a private data
definition for delivering science data, and  occultation information. The packet structure for
telemetry and telecommand are described later in this document.

Fig. 2.  Telemetry Frame



The downlink frame consists of 8920 bits. In addition there is a 32 bit Attached Sync Word (ASW).
The large frame size was selected to maximize the efficiency of transporting science data.  With the
high bit rate of this link, the overhead of transmitting such large frames is minimal. Individual
occultations can be downloaded in about 500 milliseconds and expected synchronization time is
around 20 milliseconds using a privately defined format for the science data with this frame length.
See the attached appendix for calculations confirming these values.

The uplink is much slower then the downlink and is expected to handle much smaller data sizes.
Only commands and ISS orbit data need to be uplinked. As a result, the uplink frame length needs to
be much smaller then that of the downlink. The frame length was selected to be 512 bits. This results
in an expected sychronization time of 85 milliseconds.

Both uplink and downlink use a standard search, check and lock sequence. On the downlink, during
search and check, idle data is sent. When the uplink achieves lock, the satellite commences sending
idle packets. No real data is sent until it is requested.

UPLINK COMMAND STRUCTURE

A standardized transfer protocol for the telecommanding system should be fairly easy to implement
by adhering to the CCSDS guidelines.  These guidelines allow for a robust, versatile design and can
be found in the CCSDS blue books on telecommanding, specifically CCSDS 202.0-B-2 and CCSDS
203.0-B-1.  A command-verify-and-execute command protocol was decided upon.  Using this
strategy, the command must be echoed by the satellite and added to the telemetry stream.  This
should not pose a problem because of the command packet structure, which is shown in Figure 3.

Fig. 3. Command Packet Structure

The application process identifier allows the satellite’s onboard computer to know which of the
subsystems a command affects.  In most instances, the application identifier is identical to the ones



used in the telemetry source packets with the additions below. If necessary, there is still an ample
amount of combinations for future expandability with 11 bits.

• All sensors 10110110011
• Upload encounter data 00111000111
• Payload transmitter 11100110010

In order for the satellite to know when it needs to point in a certain direction, encounter data must be
uploaded to the onboard computer and stored in memory.  This data will be sent in the command
stream with its own application identification.  The application data allows for a start time, a stop
time, attitude data, and, if necessary, a memory address.  CCSDS guidelines allow for error control
in the application data as well, but because a command-verify-and-execute strategy was chosen,
error control will be left to the transfer frame.  These packets are then transmitted in telecommand
transfer frames, which are structured as shown in Figure 4.  The frame contains a 40-bit header, the
telecommand packet, and a 16-bit error control word.  The frame data field contains the
telecommand packet.  A segment of a packet is allowed if the packet is longer than 1017 bytes, but a
single command should not be this long.  The last two bytes are used for error control.  The method
to be used is a Cyclic Redundancy Check (CRC), which is defined in CCSDS 202.0-B-2.

Fig. 4. Telecommand Transfer Frame

SOURCE PACKET DESIGN

The source packet used for this project is shown in Figure 3-1 of the CCSDS 102.0-B-4
recommendations page 3-1. It consists of two major parts, which are packet primary header and
packet data field. The packet primary header includes version number, packet identification, and
packet sequence control, while the packet data field includes packet data length, packet secondary
header, and source data.

There are nine different types of applications used in this project, which are the sun and horizon
sensors, micro-mechanical gyros, magnetometer, GPS receiver, reaction wheels, magnetotorquers,
power system sensors, thermal sensors, and a star-tracker. These types of applications are identified
using an 11-bit application process identifier, tabulated in Table 1 below.



TABLE 1

Application Type 11 Bit Application Process Identifier
Sun and Horizon Sensors 00011100011
Micro-mechanical Gyros 00100100100
Magnetometer 00110011001
GPS Receiver 01010101010
Reaction Wheels 10101010101
Magnetotorquers 11001100110
Power System Sensors 11011011011
Thermal Sensors 11100011100
Star-tracker 11101110111

THE SATELLITE

The height of the satellite is given as a maximum height of 850,000 meters overhead. The face is
described as an octagon with a diagonal of 48 cm.  This means that the largest parabolic dish that
does not obstruct the size of this face is a 45 cm dish.  Since this size necessitates a very large
ground dish for reliable communications, a new plan is needed.

This paper proposes a parabolic dish antenna that “umbrellas” into a more useful size after the
satellite has achieved orbit.  By using an umbrella-structured antenna, the ground-based antenna will
be much smaller and more able to track a moving satellite across the sky.  If this recommendation is
unacceptable to the Student Satellite Project, the secondary recommendation is to provide more
power for transmission.  Reducing ground antenna size is the largest concern.

LINK SUMMARY AND RECOMMENDATIONS

The fade margin included with the known losses left a substantial margin for error and unexpected
losses including losses due to rain fading, multi-path fading, ducting, and atmospheric effects.
Signal loss due to less static phenomena, such as lightning, adverse cosmic electromagnetic
interference, etc. were not considered.

This paper recommends an antenna on the satellite that “umbrellas” open to a 1-meter diameter
transmission antenna that is at least 65% efficient.  The recommended ground based antenna is a
65% efficient 1.4-meter diameter parabolic dish antenna for both reception and transmission.  It must
transmit at 64 watts for closure with the satellite’s monopole antennas.  If the antenna on the face of
the satellite must be rigid and smaller than the area of that face, an increase in power from 200 m-
watts is recommended.  If this is not possible, a higher bit error rate than 10-6 must be tolerated.



GROUND STATION DESIGN

The primary ground station will be located on the University of Arizona (UA) campus and possibly
other locations such as Taiwan, Hawaii, or Wisconsin.  The ground station(s) will collect an average
of 25MB/day with the UA ground station managing all communications and control.

All the noise specifications and calculations are found within the link budget.  The gain and noise
figure specifications used in the link budget are found in the design report (Cramer, et. al.).  From
this, appropriate commercial components can be found corresponding to the components seen in
Figure 5.  It was found, however, that the values used in the link budget are difficult to match with
readily manufactured components.
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Fig. 5.  Receiving Network

In Figure 6, the ground station CPU is shown.  The received data from the satellite will be decoded
in the data processing section of the CPU the data is processed the experimental scientific data is
stored in a database.  The database can also be a relatively low cost system like Microsoft Access.
As this satellite will be operational for a year, CD-ROM archives can be created as back-up data for
the water vapor profiles.   The satellite operational data will then be further processed into the
command protocol.  The command protocol monitors the satellite health and determines if all
conditions are satisfactory.  If all conditions are acceptable, no commands will be issued from the
ground station.  If a condition is less than desirable, commands will either be sent automatically or
by the user to the satellite.  The protocol is command, verify and execute as mentioned previously.
Records will be kept to monitor the progress of the satellite throughout the year in orbit.  A standard
400MHz desktop computer with a CD-RW, 128MB RAM would be acceptable to run the proposed
software.

 SUMMARY

The satellite telemetering system described in this paper is designed to be implemented on the
University of Arizona Student Satellite Project.  The system would provide data recovery from the
satellite to the ground station while allowing command access to the satellite from the earth.
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Fig. 6. Major Components of Ground Station CPU.

A variety of sensors were accommodated in the packet structure, with a majority related to the
operational status of the satellite.  Allowing for a bit error rate of 1x10-6, it was found that the link
budget recommends an antenna on the satellite that “umbrellas” open to a 1-meter diameter
transmission antenna that is at least 65% efficient.  The recommended ground based antenna is a
65% efficient 1.4-meter diameter parabolic dish antenna for both reception and transmission.  It must
transmit at 64 watts for closure with the satellite’s monopole antennas.  The antenna structure given
here could possibly interfere with other satellite functions.  If a smaller antenna is needed, an
increase in power from 200 m-watts is recommended.  If this is not possible, a higher bit error rate
must be tolerated.

The ground station receives and processes the data for both the water vapor profile experiment and
the operational status of the satellite.  Depending on the satellite condition, appropriate commands
will be sent back to the satellite via the proper protocol.
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DATA ACQUISITION AND THE ALIASING PHENOMENON
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ABSTRACT

In current practice sensor data is digitized and input into computers, displays, and recorders. To
try to reduce the volume of digitized data, our original hypothesis was that by selecting a subset
of digital values from an over-sampled signal, we could improve signal identification and improve
perhaps Nyquist performance. Our investigations did not lead to significant improvements but did
clarify our thinking regarding the usage of digitized data.
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INTRODUCTION

Digital data acquisition of sensor data is an online, real time, non-invasive, point by point
measurement activity. Single point by point data values are not sufficient to provide frequency
information. Frequency analysis is a mathematical offline software process involving stored blocks
of data point values coupled with data rate timing information. The analysis program places
requirements on the acquisition data activity for bandwidth and dynamic range issues.

DATA ACQUISITION

Telemetry has been defined as Telemetring or metering at a distance. In practice this means
collecting multi-channel analog data from sensors at remote sites such as test stands or from a
moving platform such as an aircraft, helicopter, or test missile. The multi-channel data would be
transferred from the remote site to a fixed site via wire or optical fiber in the case of the test
stand. For the moving platform the data would be transferred via an RF data link to a ground
station complex. The actual transmission methodology would be multiplexed pulse code modul-
ation for digitized data or frequency division multiplexed FM subcarriers for analog data.

At the ground station or fixed site, the PCM streams from the remote site or the moving platform
are decommutated and fed to the ground station quick look, recording, and computer interfaces.
In similar fashion the multiplexed FM subcarrier channels would be demodulated, digitized and
fed to similar quick look, recording, and digital interfaces.



Thus the multi-channel analog sensor data from the remote site or the moving platform has been
converted to digital input data as separate digital words which are fed to the ground station
subsystems and computer. The data is no longer in continuous analog form but rather in gapped,
sampled data format. In essence a digitizer converts short time samples of the analog sensor data
to digital values of corresponding magnitude. The digitizer can be set to provide single digital
values on command, or be clocked at a known digitizing rate. It will be noted that knowing the
exact digitizing rate is essential for making frequency determinations for frequency analysis
purposes.

SENSOR SIGNAL ISOLATION

To protect the validity of the successive digital samples, the original analog sensor data is often
buffered and/or the input impedance of the digitizer is sufficiently high that there is no loading by
the digitizer sampling process. The analog sensor data stream is unaffected by the sample
digitizing process. There is no effect on the individual time samples of the varying sensor data.
The clock rate for the digitizer could be radically changed without affecting the validity of the
digitizing process. A separation exists between the sensors analog data progression and the
successive digitized samples, thus there can be no effect on either time domain or frequency
domain data rate progression. It will be seen that the Nyquist criteria and the aliasing phenomenon
are functions of the computer’s non-real-time software manipulations rather than inherent in the
clocked sample digitizing process.

In general there are three classes of data streams, each dependent on the rate of change of the
sensor data for a particular channel relative to its sampled data rate. The lowest data rate material
would be data logging of temperatures and voltage measurements, or perhaps mechanical creep
data. The next class of data would be for streams of moderate rate of change of data such as time-
data-history channels showing general data trends. The third and highest rate of change channels
would be those for which spectral analysis would be applied for resonance and vibration
frequency determination.

THE NYQUIST CRITERIA

The Nyquist criteria states that the sampling or digitizing rate must be a minimum of 2 or more
times the highest frequency of interest in the digitized data stream. The particular value of the
highest frequency of interest is referred to as the Nyquist Frequency. In each cycle of the Nyquist
Frequency there is a positive half cycle and a negative half cycle. Should the digitizer specific
sampling rate fall on the zero and 180 degree points of the Nyquist Frequency, the sampler would
report a zero signal. Therefore the sampling rate (SDR) needs to be set to more than two times
the Nyquist Frequency value. Typically, sampling rate values range upwards from 2.38 times the
Nyquist Frequency. Conversely, the Nyquist Frequency will automatically be less than ½ the SDR
sampling rate.



Our original hypothesis was that by selecting particular sample values from data streams digitized
at sampling rates several time the Nyquist Frequency, more valid waveform determination of the
sensors data and perhaps a higher Nyquist Frequency could be realized. Some improvement in the
waveform determination was found but we were surprised at what happened to Nyquist
performance. In practice the Nyquist Frequency turns out to be ½ the lowest repetitive sampling
frequency. If we increase the sampling frequency by an integer value, the Nyquist Frequency
increases by the same integer number and the analysis software uses each higher integer step in
frequency as the basis of its Fourier analysis. Any non-integer time added data values between the
lowest regular-clocked sampled values do not increase the apparent sample rate. This finding led
us to further investigation of the background parameters involved with the Nyquist criteria and
the aliasing phenomenon.

SPECTRAL DISPLAYS

Figure 1 depicts the equipment setup for generating waveforms. Figure 2 depicts the subsystem
for data and waveform analysis. Since Fourier analysis is based on sine waves, we started with
sine wave modulation of a sine wave carrier. Using 480 Hz for the carrier and an 89 Hz modul-
ation frequency, we obtained the spectrum shown in Figure 3 with a bandwidth of 2,000 Hz.

An oscilloscope trace for the 89 Hz modulated 480 carrier is shown in Figure 4. Please note, there
are no spectral lines in Figure 3 above the 480 Hertz carrier plus the 89 Hertz upper sideband
(480 + 89 = 569 Hz), or below the lower sideband (480 - 89 =391Hz), except for lower 60 cycle
stray pickup peaks.

As we proceed, a convention of designating the clocked digitizing rate as SDR for the Sampled
Data Rate currently involved will be adopted, with NSDR denoting the appropriate integer
digitizing rate multiple. Bandwidth will become BDW and samples per second will become SPS.
The SDR convention is considered appropriate because the spectrum of a clocked series of pulses
is a series of frequency lines at integer multiples of SDR extending toward infinity. Any SDR
spectrum also includes frequencies from DC (direct current voltage or zero frequency) to the
initial value of SDR.

Figure 5 shows the spectrum for a series of digitized pulses of a DC voltage sampled at a
digitizing rate of 170 sps SDR, in a DBW of 1,000 Hz. In effect each of the successive integer
spaced spectral lines is its own carrier frequency with its own upper and lower sidebands.

In comparison to the modulated sine wave spectrum of Figure 3, Figure 6 shows the spectrum for
an 89 Hz sine wave signal at an SDR of 480 SPS in a 1,000 Hz DBW with the cursor marking the
lower sideband at 392 Hz  (the closest frequency line to 391 Hz). The next peak is at SDR + 89 =
569 Hz and the rightmost analyzer peak at 2SDR - 89  = 871 Hz.

Figure 7 shows the spectrum expanded to a BDW of 2,000 Hz, the 89 Hz signal peak, a harmonic
cursor at the 480 Hz SDR and NSDR integer multiples. The harmonic cursor is seen to fall
between successive SDR and NSDR plus - or - minus signal peaks. Obviously the progression
would continue toward infinity with alternate SDR - plus - and - minus 89 Hz signal peaks.



So that we do not lose sight of the fact that the plus or minus signal bandwidth about each of the
SDR spectral lines includes multiple frequencies, Figure 8 shows the minor spectrum of an 8 Hz
triangular wave at zero frequency (baseband) and at either side of the 480 SDR and NSDR rate
values. The 8 Hz triangular wave harmonics did not drop off the Db scale between DC and 1/2
the SDR value of 480 sps. This implies activity between 240 Hz and the 480 SPS SDR value. This
is in the aliasing frequency range.

NON-REALTIME PROCESSING

Because of the speed of processing with current computers, the spectral analysis programs run
quite rapidly. However, the frequency accountability displayed as a result of the analysis is similar
to the financial display and review of performance performed by a tax accountant at the end of a
customer's fiscal year. This is not a real-time endeavor.

The only activity taking place in real-time is the continuous digitizing data rate sample collection.
All of the displayed spectral lines and peaks and valleys are the result of software manipulation of
the digitizing data rate measurement values. Also included in non-real-time activity is the aliasing
phenomenon which occurs because of the manner in which the Fourier analysis software
functions.

Going back to the Nyquist Frequency statement that the sampling rate should be at least twice the
highest frequency of interest, the question is of interest to whom? Are the frequencies of interest
from DC to 500Hz, 1KHz, 5KHz, or even higher? Whatever signal bandwith the system designer
chooses, he must select an SDR of at least twice that value. In addition he has to decide whether
there could be frequency information above the chosen Nyquist value and whether he needs to
provide an anti-aliasing filter above that value.

We have already discussed the accuracy of a clocked digitizer. A system designer undoubtedly
could find a circuit set, unit, or digitizing board that would run at a digitizing rate up to several
mega-samples per second. We have also established that there would be no degradation of the
buffered sensors data as a function of the digitizing rate. Therefore, we can choose a 1/2 sampling
rate value that will meet our bandwidth and frequency response requirements (with some caveats).
In general, the system designer would set his frequency response requirements to define his
maximum frequency of interest and then choose an anti-aliasing low pass filter bandwidth to
ensure that his frequency requirement would be met. Obviously the choice of filter type, Bessel,
Butterworth, etc., will have an influence on his choice. It is interesting to note that most low pass
filters require from one to three octaves higher frequency than the three Db corner frequency to
get down to a low Db stop band value.

Figure 9 shows the an SDR/NSDR spectrum for a 51 hertz sine wave signal, sampled at 170 sps
with the cursor at the SDR - 51 = 119 Hz peak. The 51 and 119 Hz frequency are an equally
spaced pair either side of the Nyquist value of 85 Hz.



Table 1 lists the sine wave SF=signal frequency, SDR, SDR - & + SF., 2SDR - & + SF., and
3SDR - SF. For the 51/119 Hz and the 43/127 Hz pairs.

SF SDR SDR - SDR + 2 SDR – 2SDR + 3 SDR -
 51 170 119 221 289 391 459
119 170  51 289 221 459 391
 43 170 127 213 297 383 467
127 170  43 297 213 467 383

TABLE 1

It will be noted that the same frequency peaks appear in each frequency pair but in staggered
order. Thus without anti-aliasing filtering, the actual signal could be either of the paired values.
While this uncertainty is the basis of the Nyquist phenomenon, it will be noted that the accuracy of
the original peak frequencies is still valid, even though some of the data frequencies are above the
½ SDR rate.

CONCLUSIONS

Real time sensor digitized values are accurate samples at evenly spaced time intervals when the
digitizer is operated within its specified time and voltage range and is isolated impedance-wise
from the sensor. Under these conditions there is no effect on, or interaction with, the sensor or its
point by point data progression in either the time or frequency domain.

Frequency analysis is an offline mathematical software procedure performed by the computer on
stored sequential point by point digitized values.

The spectrum of the short digitizer pulses for a DC signal is a series of integer lines starting at the
digitizer rate (SDR) proceeding towards infinity including a base band component.

For sine wave test frequencies, spectral peaks are the results of lower and upper side bands either
side of the SDR and NSDR frequencies without antialiasing filtering. On a test basis, without a
priori knowledge, the actual correct peaks can not be positively identified. This is a consequence
of the aliasing phenomenon.
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ABSTRACT

The accurate measurement of shock and vibration data via flight telemetry is necessary to validate
structural models, indicate off-nominal system performance, and/or generate environmental
qualification criteria for airborne systems.  Digital telemetry systems require anti-aliasing filters
designed into them.  If not properly selected and located, these filters can distort recorded time
histories and modify their spectral content.  This paper provides filter design guidance to optimize
the quality of recorded flight structural dynamics data.  It is based on the anticipated end use of the
data.  Examples of filtered shock data are included.
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INTRODUCTION

The sampling theorem in communications tells us that the sampling frequency fs must be no less that
twice the highest signal spectral frequency fm, i.e., fs ≥ 2fm.  When measuring shock and vibration
data via airborne telemetry, successful implementation of this theorem can be a challenge.  The
accelerometers that measure shock and vibration typically have associated high-frequency
resonances (Figure 1).  If these resonances are unintentionally excited, they occur at frequencies
much higher than  the highest required data frequency of interest (fm).3

Figure 1:  Accelerometer Frequency Response Displaying High Frequency Resonances



BODY

There are many reasons to measure airborne shock and vibration data.  These include (1): defining
the actual use environment of flight hardware to enable the generation of shock and vibration
qualification test specifications for it, and (2): acquiring acceleration response data for correlation to
structural dynamics models of this hardware.  Due to limitations in available airborne telemetry
system data bandwidth, signals from accelerometers are typically afforded the minimum frequency
bandwidth required to either (1): be compatible with the capabilities of the ground qualification test
equipment, which ultimately will be used to replicate the flight environment, or (2): enable
correlation to these structural dynamic models.  Thus, most shock or vibration data transmitted over
airborne telemetry channels have 2-10 kHz frequency content.  The opportunity to determine
whether-or-not the resonance of an accelerometer has been excited at 10’s or 100’s of kHz is never
afforded.  Data limitations occur attributable to the low-pass filters selected to satisfy the sampling
theorem.  Since mechanical shock analysis is wave shape dependent, these low-pass filters must
preserve both the amplitude-frequency and phase-frequency integrity of the measured signals.

Figure 2 shows that this is often difficult to accomplish.  Both the amplitude and the phase

Figure 2a: Amplitude-Frequency Response for Two Filter Types

Figure 2b: Phase-Frequency Response for Two Filter Types

Figure 2: Frequency Response Characteristics of Two 6-Pole Filter Types



characteristics are shown for two filter types.  The six-pole Chebyshev is the best approximation of
an ideal “boxcar” filter based on its amplitude response, but its phase response is more nonlinear
than that of the six-pole Bessel.  Thus a compromise always exists in filter selection.

A Butterworth low-pass filter has an amplitude response characterized as:

[1/(1 + ω2n)]1/2

where n is the number of filter poles.  Its emphasis is on maximally flat amplitude response.  A
Chebyshev low-pass filter produces an equal-ripple amplitude variation in the passband.  Outside the
passband the gain also decreases monotonically, but at a faster rate than the Butterworth
characteristic.  The class of filter that has equal ripple in both the passband and the stop band is the
elliptic-function or Cauer filter.  Its gain does not decrease monotonically outside the passband, but
it offers farther improvement in attenuation than the Chebyshev low pass filter.  A Bessel-Thompson
filter configuration emphasizes filter phase linearity as opposed to flat amplitude response.

Group delay is defined as the derivative of the phase frequency response [-(dφ/dω)] of a filter. It is of
importance when constant time delay is needed in a filter.  For a Bessel-Thompson filter, group
delay is a constant.  The Bessel-Thompson amplitude frequency response, however, is far inferior to
that of the other filter configurations discussed.  We will focus our attention on those low-pass filters
with monotonic decreasing response outside their passband:  the Butterworth, Chebyshev, and the
Bessel-Thompson (sometimes just referred to as Bessel).1,2

The following table , based on calculations by the author,4 provides filter selection guidelines when
recording mechanical shock.  Filters considered encompass two, four, six, and eight poles of
attenuation.  Numeric values presented are the ratio of the upper frequency limit at which the filter
should be used to that of its -3 dB frequency.  This upper frequency limit is based on the lesser of the
two values at which the filter deviates either five percent from a flat amplitude response or five
degrees from phase linearity based on its initial phase slope.  These criteria should assure waveform
reproduction without distortion.

Table 1: Filter Selection Type

Number of Poles     Butterworth                Bessel                   0.1 dB Ripple Chebyshev

           2                                 .573                                .399                                         .522*
           4                                 .575*                              .399                                         .489*
           6                                 .541*                              .392                                         .418*
           8                                 .506*                              .389                                         .372*

* upper limit due to phase nonlinearity

An example will show how to use this table.  A six-pole Butterworth and a six-pole 0.1 dB
Chebyshev filter with a 1,000 Hz, -3 dB frequency would be limited in application to 541 and 418
Hz respectively because of phase nonlinearities.  A six-pole Bessel would become limited at 392 Hz



due to its deviation from a flat amplitude response.  In general, for mechanical shock data, the low-
pass Butterworth will always be the preferred filter of the three configurations considered.

It is next desirable to assess where this filtering should occur.  Conventional communication theory
has this filtering occurring immediately in front of the digital encoder.  However, for mechanical
shock this filtering should be provided between the measuring accelerometer output and the first-
stage gain of the signal conditioning.  This location is optimum because it provides three benefits:

§ It prevents subsequent signal conditioning components from being driven nonlinear and
causing distortion of the time-varying signal.  Realistic measurement-system calibration
levels can be established once signal distortion is eliminated.  Otherwise, analytically
unpredictable signal magnitudes are initiated through the measurement system due to
discontinuities in loading and/or sudden impulses that excite the resonant frequencies of the
transducer.

§ It enhances the measurement system signal-to-noise ratio.  If initially filtered, all signal
amplification can occur in the first available gain stage, and a high first-stage gain maximizes
the signal-to-noise ratio of the entire channel.

§ It narrows the frequency spectrum occupied by the data transmission.  If numerous channels
are multiplexed, as in space radio frequency transmission, the data frequency content can be
made compatible with available bandwidth.  Otherwise, bandwidth limitations of the
measurement system may preclude transmission of the entire signal including the
accelerometer resonance-based distortion.  The overall effect of filtering in this situation is to
make more effective use of the information capacity of the measurement system.

One particularly problematic type of mechanical input to airborne structures is pyroshock.
Pyroshock is characterized by high-amplitude, high frequency, transient structural responses.  Forces
causing the transient responses are typically a combination of explosive and/or impact events.
Explosive bolts, nuts and pins and V-band separation on rocket systems (sudden release of
mechanical energy) are some examples of items that generate these forces in a flight environment.
These excitations are particularly troublesome to electrical and electromechanical components
(relays, switches, crystals, diodes, etc.).  Pyroshock test data (below) will be used to validate the fact
that data filtering should occur immediately after the accelerometer.

Figures 3 and 4 contain these test data.  These are ground tests, where high frequency data content
could be recorded.   Figure 3 provides one example of an accelerometer responding to pyroshock
data.  Figure 3a shows the “raw” data, Figure 3b the signal energy spectrum, and Figure 3c the
resultant data filtered at 10 kHz.  The “small bump” in the frequency content in Figure 3b at 50 kHz
is the resonant response of the accelerometer, which has “contaminated” the data in Figure 3a.  The
filter has removed the effects of this resonance in Figure 3c.  The resultant filtered data is 81% of the
peak-peak value of the unfiltered data and illustrates the actual response of the structure to which the
accelerometer is affixed.  Figure 4 shows a second example.  In Figure 4a the recording electronics
have been overranged with resultant nonlinearities created in the recorded acceleration signal.



Figure 3a: 0- +/-5,000 g vert.   Figure 3b: 0-60,000 Hz               Figure 3c: 0- +/-5,000 g vert.
                 0-5 msec horizon.                                                                                      0-5 msec horizon.

Figure 3:  Unfiltered and Filtered Pyroshock data

Figure 4b verifies the presence of these nonlinearities.  There is no separation between the
accelerometer’s resonance and the structural data as in Figure 3b.  The nonlinearities in the data
resulted in erroneous spectral content.  However, the 10 kHz filter applied in Figure 4c can make the
erroneous data appear to be valid.  In a flight application, filtering between the measuring
accelerometer and first-stage gain of the signal conditioner (see preceding bullets) would have
precluded erroneous data from occurring.

        Figure 4a: 0- +/-8,000 g vert.                  Figure 4b: 0-60,000 Hz
                         0-5 msec horizon.

Figure 4c: Filtered Data of Figure 4a

Figure 4: Improper Filter Location Disguises Erroneous Data Signal Content

Having discussed mechanical shock data, the criterion recommended for filter selection for
nondeterministic (random vibration) signals is easy to provide.  The goal in measuring random
vibration in flight applications is almost always to compute a power spectral density for the data.
Since phase is not a consideration in power spectral density processing, the filter selected should



bear the closest approximation to the ideal “boxcar” filter while passing the low-frequency signal
content of interest.  Of the three filters discussed, this is typically the Chebyshev.

CONCLUSION

This work has presented guidelines for filter selection and placement when measuring mechanical
shock or vibration via airborne telemetry.  Filter selection criteria are different for shock than for
vibration.  Regardless, this filtering should be provided between the measuring accelerometer output
and the first-stage gain of the signal conditioning to preclude distortion due to accelerometer
resonance excitation.
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ABSTRACT

This paper proposes a modification of the high alphabet method of data transmission over an RF carrier.
The system maps eleven characters into three tones. The three tones are Frequency Modulated onto an
RF carrier. The 165 unique characters can be utilized for data transmission. The advantages of this
system are:

1. Longer duration data words which have narrow bandwidth yielding a high signal to noise ratio.
2. Digital Signal Processing can be utilized to reconstruct characters from the tri-tone encoding.
3. The system will be less susceptible to external interference than normal Frequency Shift Keying

system. The majority of the three tone burst would have to masked in order to loose a data word.

KEY WORDS

Enhanced Flight Termination System (EFTS), Frequency Shift Keying, High Alphabet.

INTRODUCTION

In December of 2000 the Range Safety Council invited private industry to propose an Enhanced Flight
Termination System (EFTS). The EFIS would be required to control a larger number of vehicles than
the existing Flight Termination System and issue a larger number of commands than the existing Flight
Termination System. One of CMC Electronics-Cincinnati’s (CMCEC) proposal is an Enhanced High
Alphabet system. The system proposed by CMCEC would be compatible with existing systems. The
existing Flight Termination systems are FM based, and have 35 years of heritage. One system is tone
based, where each unique tone combination represents a command. The other is High Alphabet which
utilizes fewer orthogonal tone sets than the proposed system. Since both systems are FM based the
proposed system would require the minimal changes the ground station or RF/IF chain in the vehicle.

ENHANCED HIGH ALHPABET FLIGHT TERMINATION SYSTEM

The basic concept of the enhanced high alphabet approach lies in the generation of an “alphabet” of
characters (i.e. letters) from an orthogonal tone set. Given an available set of  11 orthogonal tones, a
character consisting of any 3 tones results in a total of 165 possible tri-tone characters to form the
alphabet (number of combinations of 11 items taken 3 at a time). A twelfth orthogonal tone will be
utilized as a stand alone character and may be transmitted independently of the tri-tone characters. Each
of the tri-tone characters may be uniquely mapped to a 7-bit data pattern (128 characters) with the
remaining 92 characters available for other functions. Two special characters are assigned to represent a
single bit, either a 0 bit or a I bit, from the remaining 92 unassigned characters. One of these two special
characters would be transmitted at the beginning of a command frame according to the value of the first
bit and would be used by the receiver for frame synchronization. Figure 1 is the block diagram of the



EFTS transmitter. The transmitter is located in the ground station. The ground station issues commands
over the RF link to vehicles under its controls.

Figure 1:  Enhanced Flight Termination System Transmitter

Figure 1-1 is a block diagram of the proposed EFTS ground station. The encoder would operate in any
of the three modes. IRIG, High Alphabet (7 orthogonal tones), or Enhanced High Alphabet. The encoder
would be the only change to the existing Flight Termination system hardware, this would minimize the
expense of implementing the EFTS and maintain backward compatibility with existing formats. The
encoder would accept commands as a system input, then depending on the format selected would
provide the correct base band signal to the existing FM Exciter. The FM Exciter is a synthesizer
cascaded with a driver amplifier. The output of the Exciter drives a High Power Amplifier (HPA) which
is transmitted by the ground station antenna. The strength of the proposed system is the existing Exciter,
HPA, and ground station antenna designs would not require changes.

Figure 2 is a block diagram of the EFTS receiver located in the vehicle under control of the ground
station. To support Enhanced High Alphabet the existing RF/1F design of the receiver for all systems
would not require any changes. Since the FM detection utilizes a discriminator and not a Phase Lock
Loop (PLL) for demodulation the receiver is not subject to unlocking problems that can occur due to
mechanical shock. Mechanical shock would induce a step change in frequency in the Voltage Controlled
Oscillator (VCO) of the PLL. If the step change in frequency exceeds the hold in range of the of the PLL
the signal would not be demodulated due to loss of lock condition. An FM discriminator would not
require a finite time interval the reacquire the signal that is characteristic of a PLL.



Figure 1-1  Block Diagram Of Existing System Modifications Required

Figure 2:  Enhanced Flight Termination System Receiver.

There is a 24-bit variable field plus a 40-bit fixed field. The 64-bit frame is compatible with the Data
Encryption Standard (DES) and the Triple Data Encryption Algorithm (TDEA). The 40 bit fixed field is
required for authentication.

As shown in Figure 3, the variable field is made up of a command field, command count field and an
unassigned field, which may be used for optional functions and/or future capabilities. The fixed field is
made up of a vehicle ID field, two range ID fields and an encryption sync field. The command field will
utilize a (7,4) Hamming code for additional command error protection. The (7,4) Hamming code is
capable of detecting a maximum of two bit errors and correcting up to one bit error within a command
block. The command field allows for a maximum of 16 possible unique commands. The command count
field is useful when the frame is being encrypted to provide a mechanism for updating the FTR to the
ground station’s command counter. Each time command string is transmitted the command count is
incremented by one. The receiver compares the numerical value of the stored command count with the
demodulated command count. If the command count of the demodulated signal is greater than the stored
count the command then the command is valid. If the command count is less than the stored value the
command is a non-valid.



Figure 3  Base band message frame format for the High Alphabet based system.

Figure 4 represents a typical Base Band pattern if viewed in the time domain. Each burst consists of
three orthogonal frequencies that Frequency Modulate an RF carrier. Keeping in mind that pilot tone
will always be present, if two tones appear the burst would be rejected as a spurious signal. If four tones
appear the signal will be rejected due to the presence of interference, provided significant noise
immunity. Figure 5 is the Spectrum of a burst when all three tones are adjacent.

Post detection Digital Signal Processing would be utilized to identify the frequency of each tone.
Knowing the frequencies of the tones, each burst would then be identified to one of the 165 characters it
represents.

A large portion of the triple tone burst would have to be masked by an interfering signal for all
information to be lost. The demodulated signal is digitized and stored in memory. This stored signal is
processed by DSP. If three valid orthogonal tones are recognized the signal energy integrated over the
time interval of the tones are present and numerical magnitude is stored. Non recognized signals are
integrated and stored in the same memory location as noise. The threshold for signal detection, set in the
DSP circuitry is the energy in the valid signal must exceed the energy of the “noise” signal by two to
one, therefore an interfering signal would have to mask a valid signal for a time interval exceeding half
of the tri-tone burst.

The enhanced high alphabet FTR is an analog self-synchronizing non-coherent system requiring no bit
synchronization or clock recovery. However, as indicated in Figure 6, the worst case receiver cold start
message acquisition time can be considered to occur at the end of the first complete received message
frame. This worst case time will occur if the receiver does not detect the presence of a valid signal until
immediately preceding a frame sync character. In this case, message processing would not occur until
the following message frame containing a valid sync character was received.



Figure 4  RF message frame seen in the time domain.

Figure 5  Normalized RF Spectrum of three adjacent tones



Figure 6  Worst Case Receiver Acquisition

Conclusion

The High Alphabet Enhanced Flight Termination System represents a possible high signal to noise,
spectral efficient, low probability of interference approach to data transmission, and require minimum
changes to the existing ground station equipment. Assuming a character length of 0.5 mSec the worst
case acquisition time is 48.5 mSec.
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Abstract

Due to rapidly increasing downlink data rates between spacecraft and ground stations, the
National Aeronautics and Space Administration (NASA) has developed an all-digital variable
data rate receiver. The majority of the receiver is implemented on a single complementary metal
oxide semiconductor (CMOS) application specific integrated circuit (ASIC) that is capable of
processing data rates in excess of 300 mega-symbols per second or 600 mega-bits per second
(Mbps) using quadrature phase-shift keyed (QPSK) modulation [1-5]. Developed jointly by the
Goddard Space Flight Center and the Jet Propulsion Laboratory, the high rate digital demodulator
(HRDD) ASIC uses parallel processing algorithms, which combined we call the advanced parallel
receiver architecture (APRX), to perform the necessary functions of a satellite communications
receiver.

An overview of the next generation of the advanced parallel receiver architecture (APRX) is
presented here, including a new parallel adaptive equalizer currently being implemented. The
next generation receiver implementing this architecture will process in excess of 600 Mega-
symbols per second; the ASIC will process in excess of 1.2 Gbps using quadrature amplitude
modulation (QPSK) and 2.4 Gbps using 16-quadrature amplitude modulation (QAM). The
majority of the functions of the receiver are performed in the next generation high rate digital
demodulator ASIC. A key property of such high data rate wireless communications systems is the
use bandwidth efficient modulations often achieved through the use of sophisticated pulse-
shaping. The next generation ASIC, like the current generation ASIC, is designed to have
programmable matched filters. The detection/matched filter bank in the ASIC should be
programmed to “match” the received pulse-shape. This is particularly important for good bit-
error-rate performance in systems employing higher order modulations, such as 16-QAM
employing partial-response pulse-shaping spanning many symbols. Such bandwidth efficient
pulse-shaping methods require many coefficients in the matched filter; this creates increased
computation and complexity in the receiver. Often such ideal receivers are not practical or
possible to implement, and sub-optimal detection filtering techniques must be used. We will
demonstrate that the use of a sub-optimum or truncated matched filter in some systems introduces
severe intersymbol interference (ISI) distortion that results in poor BER results. However, we
demonstrate for a specific pulse-shaped 16-QAM that if the demodulated baseband symbols are
processed with a relatively simple equalizer very good performance may be achieved. The overall
system complexity of such a system may be much lower than implementing the true matched
filter [6]. Finally we present an overview of the next generation advanced parallel receiver
(APRX) capable of demodulating such pulse-shaped 16-QAM that includes a novel parallel
adaptive equalizer.



Introduction

This paper expands upon previous work to outline the processing necessary to demodulate
bandwidth efficient pulse-shaped 16-QAM modulation using the next generation advanced
parallel digital receiver architecture (APRX). The system described and analyzed in this paper
utilizes square root raised cosine (SRRC) pulse shaping of 16-QAM symbols. The performance of
the receiver will be assessed by analyzing the performance of a simplified receiver model and
comparing the results with a software simulation of the APRX. It will be shown that large losses
due to sub-optimal detection filtering introducing intersymbol interference (ISI) require
equalization to obtain good BER performance.  The BER performance in this ISI distorted
environment is measured with an equalizer (non-fractionally spaced) both through analytical
modeling and via software simulation. Finally, an overview of the next generation APRX
including the new adaptive parallel equalizer will be given. These two will be combined into a
demodulator applications specific integrated circuit capable of data rates in excess of 2 Gbps.
Figure 1 illustrates a high level block diagram of the next generation parallel digital receiver.
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Figure 1. Next Generation Receiver Incorporating a Parallel Adaptive Equalizer

Like the current generation receiver operating within NASA, the next generation receiver
accomplishes almost all processing, in particular demodulation and carrier phase estimation,
symbol-timing estimation, and matched filtering, at a rate that is 1/16th the analog-to-digital
sampling rate so that CMOS processing may be used. Finally, four samples per symbol are used
and the intermediate frequency into the A/D is determined by the relationship, sIF fkf )12( ±= ,
where k is some integer and fs is the sampling frequency of the A/D [7].  Obviously k must be
chosen such that the bandwidth of the modulated data falls within the bandwidth of the A/D.

Performance Analysis and Simulation Results of the APRX Demodulating SRRC Pulse-
Shaped  16-QAM Modulation

The ideal transmitter-receiver filter pair is two identical SRRC filters with infinite order (infinite
time duration) [8]. In practice the length of the filters must be truncated for implementation
purposes. Truncation of the transmit and receive filters causes energy loss and ISI distortion. In
practice, SRRC filters spanning many symbols in length are possible to implement with very
small losses in BER, on the order of tenths of decibels. For the purposes of evaluating the
performance of the APRX, here a high order SRRC filter is used. A high order square root raised
cosine transmit filter with roll-off factor of 0.25 whose impulse response spans eight symbols was



used to filter the data symbols at the transmitter. The frequency response of the transmit filter is
given in Figure 2.

Due to the size of the frequency domain detection filter in the APRX ASIC (and the next
generation ASIC), the maximum realizable filter length is 16 taps (spanning four symbols).
Assuming a perfect channel the ideal receiver detection filter is a SRRC filter equal to the time
reversed transmit filter. Using the truncated frequency domain filter creates large losses due to ISI
distortion. This system, with an adaptive least-mean square equalizer [9] is illustrated in Figure 3.
The bandwidth of the anti-aliasing bandpass filter prior to the analog-to-digital converter is 2
times the symbol rate. Four samples per symbol are used in the transmitter (32-tap transmit filter
spans eight symbols) and in the receiver after the A/D.

Figure 2. Spectrum of Transmit Filter, SRRC Roll-Off Factor=0.25
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Figure 3. Model of Pulse-Shaped 16-QAM Transmitter and APRX Receiver with Addition of a
LMS Adaptive Equalizer

A simplified transmitter receiver base-band model more readily analyzed analytically is given in
Figure 4.
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Figure 4. Simple Analytical Single Channel Base-band Model



The output of the received filter of one channel of the simplified system illustrated in Figure 4 is
given by ( ) )()()()()( thtnthtxtz RT ∗+∗= . Here n(t) is additive white Gaussian noise. The
transmit and receive filters hT(t) and hR(t) are given by
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The window function, W1(t) and W2(t) are given by:
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For the bit error rate calculation, it was assumed that the ISI contributing to a single symbol in
one channel (assuming no cross-talk between channels) is caused by three future symbols and
four past symbols.  Since there are four equally likely values for each data symbol, there are
48=65,536 possible data patterns at the output of the sampled detection filter. The energies of the
filtered outputs resulting from all of these data patterns were calculated and used in the following
equation for conditional QAM symbol error probability [11]:
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filtered output (the energy of z(n)) given the transmitted eight bit sequence d.  The average
symbol error rate is determined by averaging over all 65,536 conditional error probabilities found
from (5), and the average bit error probability is given by )(log/)()( 2 MsymPbitP ee =  [11].  In
our system Equation 5 is an approximation to the true symbol error rate as it assumes that a true
matched filter is used. Without equalization the system of Figure 5 with discrete-time transmit
and receiver filters derived from equations 1-4 yields poor BER results. A five coefficient linear
equalizer with coefficient vector ŵ  for ISI reduction was derived analytically for all (65,536)
data patterns. The average equalizer was then obtained by averaging all of the five tap minimum
mean square error (MMSE) equalizer coefficients obtained for each possible data pattern [10].

(1)

(2)

(3)

(4)

(5)



The equalized symbols (using the average equalizer) are then given by )()(ˆ)( nznwnz ∗=′ , as

illustrated in Figure 5. 
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Figure 5. Simplified Baseband APRX Simulation Model with Pulse-Shaping Transmit Filter,
Sub-optimal Truncated Matched Filter and Average LMS Equalizer

Figure 6 illustrates the average bit error probabilities for the analytical model given in Figure 5
and the simulation results using a software model of the transmitter, channel, and APRX with
adaptive LMS equalizer (Figure 3) to demodulate SRRC pulse shaped 16-QAM. For the receiver
software simulations, five and eight tap equalizers were employed using the LMS algorithm and
both carrier and symbol synchronization were performed by the receiver simulation model
(perfect synchronization was not assumed). Note that there is less than 0.3 dB difference between
performance curves obtained from the analytical model with 5-tap average equalizer (Figure 5
and equation (5)) and the software simulation of the APRX with 5-tap adaptive LMS equalizer
(Figure 3). This loss can primarily be attributed to losses from non-ideal synchronization in the
receiver as well as distortions introduced by the anti-aliasing filter in the receiver software model.
The 5-tap equalizer reduces system BER losses to less than 2 dB in the SNR region of interest
over the ideal system. The simulations with 8-tap adaptive LMS equalizer demonstrated even
better performance, resulting in approximately a 0.7 dB loss in BER.

Figure 6. BER Performance of the APRX Architecture with SRRC Pulse-Shaped 16-QAM; Roll-
Off Factor = 0.25



The conclusion of these performance results is that much of the performance losses incurred from
using a sub-optimum matched filter may be offset with an equalizer. For this and many more
reasons a type of adaptive 16-tap LMS equalizer will be integrated into the next generation
demodulator ASIC.  Next we provide a brief overview of the next generation ASIC with focus on
the novel parallel equalizer architecture.

Next Generation APRX With a New Parallel Adaptive Equalizer Architecture

We begin by describing the novel parallel equalizer and its derivation from what we call parallel
sub-convolution filter banks. Figure 7 illustrates a parallel DFT-IDFT filtering architecture for
frequency domain filtering or correlation using the overlap and save method. The DFT-IDFT
length is L+1 (L is odd), and M, the downsample rate, is the number of samples the input window
“slides”. The architecture in Figure 3 has 50% input vector overlap, that is the downsample rate, is
equal to half the input vector length, 2/)1( += LM . With such an architecture a M+1 tap filter may
be implemented in the frequency domain.
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Figure 7. Overlap-and-Save FIR Filter

The filter, h(n), is zero-padded to length L+1 and then transformed to the discrete frequency domain
via the DFT, to obtain the frequency domain coefficients, H(k)=DFT{h(n)} [12]. It is obvious that
any FIR filter with an order M or less can be used with this same architecture. Similar derivations for
FIR filters have been developed for implementation in software and hardware [7,12]. The limitation
to all of these methods in a concurrent VLSI implementation is that the DFT-IDFT, or fast Fourier
transform-inverse fasts Fourier transform (FFT-IFFT) lengths are increased to increase the order of
the FIR filter to be implemented. We present a solution to this limitation.

Consider the simple convolution sum of equation 6. The convolution may be broken into numerous
sub-convolutions, each time shifted input convolved with a sub-filter, as indicated.
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First we observe that each sample vector input to the DFT of Figure 7, and therefore the frequency
domain vector, is a time delay of M samples from the next sample vector input. From (6), it is
obvious that each of the sub-sums are themselves a convolution with a block of the filter or sub-
filter, we call these sub-convolutions with sub-filters. The sum of sub-convolution outputs is equal to
the convolution of the input x(n) with the filter h(n). Each of these sub-convolutions may be
implemented in the frequency domain using the technique illustrated in Figure 7, then the results

(6)



summed to yield the convolution output. To break a convolution up into R equal length sub-
convolutions, each (L+1) in length, using this method would require R DFTs, R IDFTs, and R sub-
filters. Assuming 50% overlap, the DFT-IDFT pairs would each be (L+1) in length, however
simplifications requiring only one DFT-IDFT pair are possible with one additional constraint. We
can derive the constraint simply by realizing that each input vector to the DFT of Figure 7
corresponds to a shift in time of M samples, therefore each frequency domain vector is separated in
time from the previous or next vector by M sample periods. From (7), if ijMj ii ∀=+ +1 , that is
the time delay between each sub-filter is equal to the time delay between time-consecutive input
vectors, then the convolution of (6) may be calculated in the frequency domain by simply delaying
the frequency domain vectors and multiplying by the appropriate frequency domain sub-filter. These
sub-filters are generated as follows.
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Using simple properties of linearity only one DFT-IDFT pair of length (L+1) is required as all of
the frequency domain sub-convolutions may be calculated then summed in the frequency domain
then transformed back into the time domain. The resulting architecture is illustrated in Figure 8.
This system performs convolution at a rate of 1/M that of the sample rate of x(n). It is clear that the
length of the DFT-IDFT pairs may be chosen with rate reduction as the principal design criterion
independent of FIR filter length. This simple architecture then allows relatively short DFT-IDFT
lengths to be used to reduce the processing rate of arbitrarily high order FIR filtering or correlation
operations, yielding overall simple designs.
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Figure 9 illustrates a new parallel frequency domain LMS equalizer architecture employing sub-
convolution and sub-correlation. Note that the equalizer has complex inputs (in-phase channel is
real part and quadrature-phase channel is imaginary part) and implements complex taps. The
architecture operates at 1/4th the symbol rate. The architecture performs identically to the so-called
fast LMS [9] with 32-point FFT-IFFTs; a traditional frequency domain LMS equalizer
implementing 16 equalizer taps. Because frequency domain convolution and correlation of the
traditional fast LMS have been replaced by frequency domain sub-convolution and sub-correlation
in this new architecture only 8-point FFT-IFFT pairs are required to implement a 16-tap equalizer.
This greatly reduces the complexity required for implementation. It should be noted that the
architecture is extendable to any tap length while still employing 8-point DFT-IDFTs; thus
allowing for 1/4th symbol (input) rate processing.
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Figure 9. Parallel Frequency Domain Fast LMS Architecture Employing Sub-Convolution and
Sub-Correlation

Using the simple sub-convolution properties the length of the DFT-IDFT may be determined by
the amount of parallelization, or processing rate reduction, desired in a given system. The tap
length of the equalizer may be chosen independently. This is desirable as equalizer tap length is
most often determined by system requirements unrelated to the processing rate of the
implementation. It should be noted that this is merely a high level description of the architecture.
There are numerous properties from linear and multirate systems theory [12,13] in developing the
sub-correlation and gradient constraint algorithms [9]. Note that by using sub-convolution/sub-
correlation it is possible to update the taps more often than the traditional fast LMS frequency
domain equalizer using an equivalent number of taps, which may be desirable in certain
applications.

Figure 10 illustrates a block diagram of the next generation APRX currently being implemented by
NASA/GSFC and JPL. Like the current generation; the serial-to-parallel conversion, represented in
Figure 10 by the downsample by 16 blocks following analog-to-digital conversion, is
accomplished in a gallium arscenide ASIC. The majority of processing, including the equalization,



is accomplished in a single CMOS ASIC (next generation high rate demodulator ASIC) operating
at 1/16th the sample rate; that is 1/4th the complex baseband modulation symbol rate.  It is
anticipated that the ASIC will have a maximum clock rate of greater than 150 Mhz; thus allowing
for the demodulation of at least 600 mega-symbols per second; ( ) 15016/240016/6004 ==× . This
symbol rate corresponds to 1.2 Gbps QPSK or 2.4 Gbps 16-QAM.
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Figure 10. Next Generation APRX with Parallel Adaptive LMS Equalizer Architecture
Employing Sub-Convolution and Sub-Correlation

Conclusions and Further Work

It was demonstrated that the advanced parallel digital receiver architecture (APRX) may be used
to demodulate SRRC pulse-shaped 16-QAM modulation.  However, the best detection filter
(spanning four symbols in time) for SRRC pulse-shaping and roll-off 0.25 that can be
implemented in the APRX yields poor performance due to the ISI distortion introduced by this
filter. It was shown that when a fixed 5 or 8-tap equalizer is used to reduce ISI distortion on the
baseband symbols at the output of the APRX, very good results are obtained. The performance of
the APRX with a 5-tap equalizer was demonstrated both pseudo-analytically and through
software simulations.

We have presented a new fast LMS frequency domain equalizer architecture. The new
architecture employs simple design techniques for designing parallel filter bank architectures
based on the concept of separating a convolution into what we call sub-convolutions. These
techniques allow arbitrarily large convolutions or correlations to be performed using the overlap-



and-save method with virtually any FFT-IFFT length. The lower bound on FFT-IFFT lengths in
the fast LMS algorithms created by tap length is removed using sub-convolution and sub-
correlation techniques.  The new non-fractionally spaced adaptive equalizer architecture
presented operates at 1/4th the input symbol rate, uses 8-point FFT-IFFTs, is 16 taps and
extendable to higher tap lengths.

The majority of the architecture illustrated in Figure 10 is currently being implemented in the next
generation high rate digital demodulator (HRDD) ASIC at GSFC. The digital receiver based on
this ASIC will be capable of processing BPSK/QPSK/16-QAM with data rates higher than 2.4
Gbps and as low as a few hundred Kbps. The receiver will demodulate these modulations with
virtually any pulse shape and is predicted to operate with BER performance that is approximately
0.5-1.5 dB from the ideal BER, depending on the modulation and pulse shaping employed. It
should be noted that the architecture presented here (Figure 10) may be relatively easily extended
to higher-order QAM modulations, such as 64-QAM that would yield 3.6 Gbps. The CMOS
demodulator ASIC will process samples at 1/16th the A/D rate (1/4th the symbol rate) and have a
maximum clock rate in excess of 150 Mhz.
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ABSTRACT

This paper describes techniques on the microwave FM locked in phase of transmitters in the reentry
telemetry system. A few scheme configurations on the microwave FM locked in phase, its circuit
characteristics and applications are analyzed. Research results show that the two-point injection
microwave FM locked in phase is suitable for the telemetry system, which code rate is higher, band of
wide, and modulation response very well.

Key word: Reentry Telemetry, Transmitter, FM Locked in Phase, High Code Rate

1  Introduction

The frequency modulation (FM) transmitter used in the reentry telemetry system is part of the airborne
equipment. Generally, its volume is small, operation stable and reliable. And its characteristics are
required to meet system targets. In the past, the circuit scheme of this transmitter was that the frequency
was first modulated in the crystal oscillator, then the modulated signal was repeatedly doubled on the
frequency, filtered and amplified. There are many defects in this scheme, that is, the circuit composition
is complex, the adjustment difficult, and the performance stabilization no good. Therefore, a FM
scheme, which circuit composition is simple, the adjustment easy, and performances meet the reentry
telemetry system’s demand, is sought for us. With the development of the phase-lock, the frequency
modulation and MMIC techniques, a FM transmitter can be composed by a microwave phase-lock FM
oscillator and a MMIC power amplifier. A critical technique of this transmitter is the microwave FM
locked in phase, including one-point, quasi-two-point and two-point injection microwave FM locked in
phase. They respectively suit for reentry telemetry systems which requirement is different for the
modulating signal and modulated performances.

2  One-point injection microwave FM locked in phase

The modulating signal is directly put on the input terminal of the microwave voltage controlled
oscillator (VCO) that the output frequency of VCO is linear with the modulating signal. This FM
scheme is called the one-point injection microwave FM locked in phase. Its circuit schematic is shown
Fig.1. Fig.2 is its phase model. In figures, CO is the crystal oscillator, PMC the pre-modulating circuit,
PD the phase detector, LF the loop filter, Kv the voltage controlled sensitivity, Kd the discriminating
sensitivity of PD, N the total dividing frequency number of times, F(S) the transmission function of LF,
and US(S) the modulating signal.



Fig. 1 the circuit schematic of one-point injection microwave FM locked in phase

Fig. 2  the phase model of one-point injection microwave FM circuit locked in phase

Under the phase-lock FM circumstances, US(S) and the controlling signal are added so that the
frequency of VCO is controlled. From the phase model of Fig.2, we have

)1_

In order to simplify, supposing 2i, = 0, the equation (1) is solved to obtain

In above the formula, He (S) = 1/[l+KvKd F(S)/NS]

So the produced modulation frequency deviation is

(2)

He(S) in the formula (2) is the transmission fuction of the modulation frequency deviation and the
modulating signal, as well the error transmission function of the second-order phase locked loop. In
view of this, there is the high pass characteristic in the loop for the modulating signal. The lowest
frequency of the modulating signal must be higher than the loop cut off frequency so that the phase
locking FM is directly made in a VCO. The defect of this FM scheme is that modulation performances
are relative with the loop band -width.



In order to meet the demand of modulating performances, the designed loop band-width is generally
lower so that the loop locked one is reduced, and the phase lock of a FM source is very difficult.

We have made the experimental research on the circuit of one-point injection microwave FM locked in
phase. The result is shows that this scheme is only suitable for the telemetry system which code rate is
lower than 400 kb/s. We have adopted it to develop out 200 kb/s FM telemetry transmitter. This
transmitter has been used in practice.

3  Quasi-two-point injection microwave FM locked in phase

The modulating signal is divided into two parts. One is fed to the input terminal of VCO that its output
frequency is linear with this signal. So direct FM is realized. Another is put on the input terminal of the
loop filter by a integrator. Then VCO’ s phase is modulated that FM is indirectly realized. This FM
scheme is called as the quasi-two-point injection microwave FM locked in phase. Its circuit schematic.
is shown Fig. 3. Fig. 4 is its phase model. In the figure, Km is the integral time constant of the integrator.

Fig. 3  the circuit schematic of quasi-two-point injection microwave FM locked in phase

Fig. 4  the phase model of quasi-two-point injection microwave FM circuit locked in phase

From this phase model, we obtain

(3)

In order to simplify the modulating performance analysis, supposing 2i (S) = 0, the equation (3) is
solved to obtain the total loop output phase change with US(S)



So, the resulting modulated frequency deviation is

Making KmN / Kd – Kv = 0, above formula is turned into

(4)

According to the formula (4), so long as the integrator is reasonably designed, and the integral constant
Km is selected to meet the condition

(5)

The modulating characteristic of the quasi-two-point injection FM becomes a smooth straight line Kv,
that is, the wide-band modulated performance, which has nothing to do with the loop response, is
obtained. This technique characteristic just meets FM requirements of high code rate signals. The quasi-
two-point injection FM scheme is generally suitable to the telemetry system which code rate is not high
than 5 Mb/s. This scheme has been used to develop out 2 Mb/s FM telemetry transmitters, which will be
put into the practice usage.

4  Two-point injection microwave FM locked in phase

The modulating signal is similarly divided into two parts. One is fed to VCO that its output frequency is
linear with this signal. After another is put on the integrator, it modulates the output signal phase of the
crystal oscillator. The phase-modulated signal is taken for the reference source to lock in the loop’ s
phase. This FM scheme is called as the two-point injection microwave FM locked in phase. Its circuit
schematic is shown Fig. 5. Fig. 6 is its phase model. In the figure, Kp is the modulating index of the
phase modulator.

Fig. 5  the circuit schematic of two-point injection microwave FM locked in phase



Fig. 6  the phase model of two-point injection microwave FM circuit locked in phase

From the phase model, we get

(6)

Supposing 2i(S) = 0, the equation (6) is solved to gain the total loop output phase change

When the following condition is satisfied

(7)

We have

So the resulting modulated frequency deviation is

(8)

On the basis of the above-mentioned analysis, provided the integrator meets the demand of the formula
(7), the modulating characteristic of the two-point injection FM has nothing to do with the loop
response. This technique characteristic is similarly suitable for the high code rate signals FM. In the
experimental circuit research, 10 Mb/s FM has been realized. It will have larger application prospects.

5  Conclusion

The technique on the microwave FM locked in phase is key one of the new-type reentry telemetry
system development. In the transmitter which code rate is low and modulated characteristic requirement
not high, one-point injection microwave FM locked in phase can be selected. This transmitter circuit is
comparatively simpler, and its adjustment easy. Quasi-two-point and two-point injection microwave FM
locked in phase have the wide-band modulated performance, which has nothing to do with the loop



response. This performance meets the FM requirement of high code rate telemetry-signal. They will be
extensively used in the development of the new one-generation telemetry transmitter, which code rate is
higher.
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ABSTRACT

This project investigates the feasibility of position detection in an office or industrial setting. The
objective is to design a low-cost positioning system that uses the unlicensed 5.7 GHz ISM band,
with centimeter accuracy and limited range. During the conceptual design phase of the system,
indoor channel models will be investigated to determine which of a variety of architectures will be
useful. For triangulating the position, an array of widely spaced stationary receivers and a mobile
transmitter is proposed.

KEYWORDS
RF methods, Position Location, Indoor Channel, 5.7 GHz, ISM.

INTRODUCTION
Position location in the outdoor channel is often performed by Global Positioning System (GPS)
receivers. Differential and kinematic GPS can typically achieve sub-meter accuracy. The GPS is
ineffective in many indoor environments due to severe multipath interference and path loss.
Traditional GPS receivers use signals from a minimum of four satellites to triangulate their
position. The receivers depend on clear line-of-sight (LOS) for their operation. Their performance
degrades under non-LOS and multipath environments.

Position location systems have slightly different objectives than telecommunication links such as
HiperLAN (5.2GHz in the U-NII band). Channel models suitable for communication links may not
accurately address the problems of position location systems. In geolocation applications the
relative power and time of arrival (TOA) of the signal via the (LOS) path are important [1].

A conceptual design for a low cost position location system for use in an office or small factory
setup is presented in this paper. The proposed scheme has many receivers at known location in an
office and a mobile transmitter.  Alternate approaches to the problem making use of Ultra-Wide
band CDMA [2] and multi-sensor fusion [3] are also considered. Prior to deciding upon any one



design, it is useful to have an insight of the channel models that are used. A detailed description of
the various channel models for the indoor channel is given in [4].

The data from the receivers may be used in various ways depending on the algorithm. The
parameters useful for position location are amplitude, phase shift, time delay and frequency shift.
Some of the techniques employed are triangulation, azimuth/elevation, circulation, range
difference and differential Doppler. Many combinations of the above techniques may be utilized
and they are called mixed mode location techniques. Alternately, acoustic sensors could be used in
conjunction with the RF system. The data from both the sensors is fused in a way to obtain
accurate results.

CHANNEL MODELS
Some of the recent statistical models proposed by Saleh and Valenzuela [5], Hashemi [6], Keenen
and Motley [7], and Rappaport et al [8]. provide an insight to the path loss, received amplitudes
and arrival times of the multipath components. The primary concern is the RMS delay spread,
which is crucial to the transmission rate and the Bit-Error Rate (BER). The models have been built
around extensive measurement results. While some models worked in office environments, they
could not be successfully applied elsewhere.The Rayleigh, Weibull, Nakagami-M, Lognormal and
Suzuki distributions [4] are considered as potential models for the path amplitudes. The arrival
times of paths is modeled by a Poisson distribution, on the premise of randomly located scatterers.
In a typical office environment, the scatterers are not entirely random, owing to cabinets, tables
etc. To account for deviations from the standard Poisson model, a modified Poisson model was
proposed [4]. Classification of indoor environments into LOS, Obstructed LOS (OLOS) and Non
LOS (NLOS) are made according to the main propagation characteristics between transmitter (TX)
and receiver (RX) [17]. For LOS and NLOS environments, the lognormal distribution of
amplitudes and the Poisson model fit the measured data significantly better than the Rayleigh or
Rician models [3, 10].

In LOS environments, a GPS type receiver is capable of detecting the highest amplitude LOS
component and determines the TOA with minimal error. The performance degrades in NLOS
environments. The error in distance is proportional to the difference in the TOA of strongest path
detected and the TOA of the LOS component. In this situation a RAKE receiver performs better in
resolving the multipath component and makes intelligent guess on the TOA of the LOS path. None
these work well for the OLOS environments. The channel structure can change due to human
shadowing [9] or movement of equipment. Channel modeling will be used to correlate the TX-RX
positions to the statistics obtained. This would be useful to differentiate the profiles obtained by
TX movement from changes in channel structure due to other reasons. Depending on the position
changes in TX-RX, the profiles can be analyzed as small, mid and large-scale statistics [4]. The
lognormal distribution fits well for the small-scale variations, and in some cases the large-scale
variations.

Statistical models will be used for preliminary design and analysis whereas site-specific
propagation models will be used for fast and accurate prediction of indoor radio coverage.
Simulation techniques such as the image method and brute-force ray tracing methods [11] are
commonly used to develop site-specific propagation models. Simulation packages like SIRCIM



[12] that rely on extensive measurement data are also widely used for channel simulations. The ray
tracing method is commonly employed to predict the power delay profile of the indoor channel.
For geolocation applications, the parameters of importance are the detection of the LOS path and
the ratio of signal strengths of LOS path to the sum of strengths of other paths.

Detection of TOA is a function of the multipath structure, receiver specification, SNR and the
algorithm used to detect the LOS path. The probability of detecting the LOS path in a Rayleigh
fading channel [18] is shown to be dependent on receiver sensitivity and dynamic range. Also
results show that the 85% of the profiles observed were either LOS or NLOS [20].  Most of the
profiles at short distances have LOS, while at larger distances have NLOS environment.
Simulation of the channel provides insight into the architectures that could work best for the
purpose.

PROPOSED IMPLEMENTATION
In this project, the object to be tracked confined to a single room or chamber. Multiple receivers
are employed to ensure that an LOS path exists between transmitter and some of the receivers.
Different algorithms may then be used to obtain the position of the transmitter. One simple
algorithm would be to estimate the TOA of the LOS component that can be detected using the
proposed scheme. In the NLOS environment, a RAKE receiver is known to work acceptably. A
combination of these two architectures will be investigated for its suitability. Alternately,
employing many receivers would eliminate the need for a RAKE receiver and keep the design
simple and low cost.

Techniques such as Range-difference, Triangulation, Circulation, and Azimuth/Elevation have
been used in airborne systems for position location. Triangulation can be used for CW and pulse
signals, but is prone to systematic errors. The Azimuth technique can be used for both CW and
pulsed signals. It provides better accuracy at high altitudes. The range difference method works
well for larger bandwidths, implying shorter pulse width. It utilizes measurements of the TOA of
the pulsed signals from three or more spatially separated receivers. Extensive detail of these
techniques is provided in [16].

 In the proposed scheme, a sliding correlator with a delay-lock loop (DLL) is employed at the
receiver for initial synchronization and code lock. A carrier-tracking loop in each receiver provides
phase measurements of the received carrier. Different algorithms use the phase information to
estimate the position vector. The design will be developed and tested in phases. In the base-band
phase of implementation, as shown in Figure 1, only the PN generator at the transmitter and the
sliding correlator with delay locked loop are used. The PN code is wired to the sliding correlator
for code synchronization and acquisition. An optimal spreading ratio [13] for the system is
obtained with this implementation. The PN generator is capable of generating various maximal-
length sequences; its implementation is discussed in detail elsewhere [14].



Figure 1. Base-band phase

Figure 2. VHF Transmitter Test-bed
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Figure 3.  VHF Receiver Test bed

In the VHF implementation phase (Figure 2 & 3), centimeter accurate systems can be made
possible by tracking the carrier phase. The system will use the 2-meter amateur radio band,
implying a one-centimeter change causes a carrier phase change of 2 degrees. If the tracking loop
is made sensitive to phase changes of a single degree, centimeter accuracy is achievable. The PN
code is QPSK modulated by 134 MHz Local Oscillator (LO) signal at the transmitting end. The
carrier-tracking loop is employed in this stage. A reference oscillator of good short time stability is
chosen to detect small changes in phase. This phase allows us to evaluate the performance of the
carrier-tracking loop easily. The locally generated PN is clocked at a slightly lower rate of 1.996
MHz and correlated with the received signal. The slip rate is chosen to be 4 KHz. The bandwidth
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compression factor, K is 500, and resultant bandwidth of the correlation function is 4 KHz. One of
the design considerations is phase noise in the receiver that can degrade the performance of the
sliding correlator [15]. In the C band design phase (Figure 4), the RF stage is introduced as the
front end of the system. A 5 GHz transverter is used as a transmitter.  Prior to carrier tracking, the
UHF band is translated to the IF frequency. The phase information remains unchanged during this
operation. The transmitter under consideration has center frequency of 5.670 GHz and capable of
handling a bandwidth a little over 10 MHz, which is sufficient for the purpose. The maximum
power output is 200 mW.

Figure 4. C-band Phase

The final phase of implementation involves all the receivers working in unison and referenced by a
common clock (Figure 5). The transmitter is mobile while the receivers are fixed. The time delays
introduced due to the cable running between receivers is compensated in calculations. The low cost
design can give good performance even with a low accuracy clock. This design is capable of being
millimeter accurate even after allowing reduced sensitivity of the phase detector than the earlier
stage.

UWB uses small on-off bursts of energy at extremely low power but over an extremely wide
section of the radio spectrum. Only a minute amount of energy is radiated at any single frequency.
UWB systems fall into two categories: systems that use radar techniques for precise measurements
of distance and detection or imaging of objects. The UWB technique is widely implemented as
impulse radar. One of the challenges with using UWB systems is obtaining a suitable radiating
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antenna and electromagnetic interference from other devices that causes an increase in the noise
floor [19].

Figure 5. Final Phase
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CONCLUSIONS
In this paper, the channel models suitable for position location in the indoor channel have been
presented. The channel model will be simulated to see which of the architectures will best solve
the problem. Different position location algorithms have been discussed. The performance of these
algorithms will be evaluated using computer simulation. A series of test beds has been proposed to
verify the simulation results. Using the test beds, we will also investigate the effect of human
shadowing, movement of objects, LOS and NLOS measurements on the position accuracy.
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ABSTRACT

During these times of acquisition reform in the federal government, various missile systems are being
forced into using Commercial-off-the-Shelf (COTS) products in the design of their subsystems.
However one problem that this presents is the lack of configuration management. There is a concern that
the manufacturer will modify the product without informing the end user. This may have a severe effect
on the performance of an already flight qualified subsystem. An example of how one program is dealing
with this issue will be discussed.

KEYWORDS
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INTRODUCTION

Currently the JAMI (Joint Advanced Missile Instrumentation) Program is using a GPS Receiver in the
design of a tracking system for airborne vehicles. Due to limited funding and resources, the GPS
Receiver is a COTS item. During the course of development, several questions and concerns arose. How
will the traditional reliability analysis be performed? How will the configuration management of the
item be controlled? (e.g. How is the modification/upgrade of parts used on the receiver controlled?)
These questions will be addressed and one possible solution to these problems will be discussed.

BACKGROUND

What is JAMI? JAMI is a Tri-Service CTEIP (Central Test and Evaluation Investment Program) that has
been chartered to investigate GPS Tracking Systems into airborne vehicles for TSPI (Time, Space,
Position Information), Scoring, and Flight Termination purposes. It is a “Proof of Concept” Program and
part of it will demonstrate the integration of GPS as a means of tracking on the Test Ranges. In order to
accomplish this, COTS GPS Receivers are being used in the GPS tracking systems. Currently, receivers
from Ashtech and Parthus are being considered.

TRADITIONAL RELIABILITY METHODS

Traditional reliability analysis on airborne systems consists of Parts Stress Derating and MTBF (Mean
Time Between Failures) calculations. However this analysis requires that the manufacture divulge the
parts list of every component used in the construction of the receiver. This is not always possible due to
the fact that manufacturers may be unwilling to provide this information (this is similar to asking a chef
or baker to divulge the ingredients that comprise their award winning creations). The parts stress
derating analysis, which is usually a portion of all product item specifications, cannot be performed



without the parts list. ESS (Environmental Stress Screening) is usually performed, however it may not
truly gauge how reliable the unit will be in actual use. Also, it is not uncommon for a COTS vendor to
change some parts in order to upgrade and modernize their product. How can one be certain that an
already flight qualified product will continue to meet specification?

NEW RELIABILITY METHOD

Parts of Reliability, mainly Parts Stress Derating Analysis and ESS Testing, can be eliminated in favor
of HASS (Highly Accelerated Stress Screening) Testing.

What is the HASS Process and how does it address the reliability and configuration management issues?
The HASS process provides increased effectiveness of screening out latent product defects. It also
provides a substantial reduction of field failures as well as screening times versus ESS testing. This can
prove to be a significant cost savings to any project in repair costs and production testing.

The HASS Process is broken down into three phases (HALT, POS, & HASS). In Phase 1, HALT
(Highly Accelerated Life Test) is performed. This test identifies design and process problems and
determines operating and endurance margins. Therefore the receiver is usually tested until failure
occurs. The parameters tested are High and Low temperature, Thermal cycling with voltage cycling,
Random six DOF (degree of freedom) vibration, and lastly combined Thermal cycling with vibration.

After the operating and endurance limits have been established, Phase 2, POS (Proof of Screening) is
begun. The main purpose of this stage is to ensure that the useful life of the receiver has not in any way
been degraded. First of all, a HASS screening criteria is determined based on the results of the HALT
process. These criteria must be severe enough to screen out latent failures, however not too,severe as to
create destructive failures. A sample POS scenario is as follows. Two rounds of thermal cycling with
vibration (called the regimen) are established, using the established HALT levels. The receiver is
subjected to this screening regimen ten (10) times. It is then subjected to selected Qualification Test
Environments. These POS levels will later become the levels used for HASS acceptance testing
provided the following: All failures occur in the first application of the screening regimen- No failures
occur in the next nine applications; No failures occur at qualification test environments. If any of these
three criteria are not met, the POS levels are modified until the criteria are met. The final POS levels



(HASS Limits) are usually 80% of the operating temperature limits (high and low) and 50% of the
endurance vibration limits determined in the HALT Phase. It should be notes that these levels are
usually more stringent than the ones established in the Product Item Specification.

In Phase 3, HASS is used to screen all deliverable products. It replaces Mil-ESS (NAVMAT P-9492)
Testing and like ESS is performed on all units. Its’ main objective is to ensure that any latent defects are
detected. The HASS process is performed at the circuit card assembly (receiver) level as well as the box
level. It should be noted that HASS requires two operating cycles of combined temperature and
vibration, with the stress levels defined by HALT and confirmed by the POS process.

CONCLUSIONS

HASS has been discussed as a new method for determining the reliability of a COTS GPS Receiver. It
eliminates the need for the traditional Parts Stress Derating Analysis and ESS Testing. Since
manufacturers of GPS Receivers are constantly upgrading them to reduce their size as well as increase
their tracking capability, HASS provides an economic process to verify that the receiver will still meet
specifications without incurring the expense of flight requalification.
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ABSTRACT

Measuring the roll rate or roll position of a rolling airframe can be difficult. Some of the smaller
missiles, which have roll rates in excess of 20 revolutions per second, have the least amount of room for
a roll sensor such as a laser ring gyro or a quartz rate sensor. The large roll rates coupled with the rate
sensor’s resolution can cause large errors in just a few seconds. The cost for these devices can be very
high. The roll problem on rolling airframes has been solved by using two magnetic sensors that are 90
degrees out of phase from each other to measure the roll. The cost of the sensor is approximately $15
and is packaged in a 20-pin-surface-mount device. This paper addresses the design and the data
processing algorithm to produce roll position. The sensor and algorithm were checked for accuracy on a
CARCO table.

KEYWORDS

Roll Position Sensor, Magnetic Sensor, and Rolling Airframes.

INTRODUCTION

The roll position of a missile is needed to resolve where it is in earth coordinates when used with pitch
and yaw rates and three axes of acceleration. Small missiles tend to roll at high rates, which can be as
high as 20 revolutions per second. Standard rate sensors are too large to fit into a small missile(i.e. 2.75
inches in diameter or less). The large roll rates also cause large errors to occur in just a few seconds of
flight. For example, a typical quartz rate sensor for roll would require a range of ±7200 degrees per
second to cover a missile that can roll up to 20 revolutions per second. Looking at just the scale factor
accuracy, which is typically about plus or minus one percent of full scale, the position error for a 10
second flight would be ±72 degrees per second times 10 seconds to give ±720 degrees of error. There
are other error sources such as bias, linearity, and g sensitivity. These other errors will just add to the
above error. Data from the magnetic roll sensor demonstrated in this paper shows it has peak errors of
about 10 degrees. The error does not grow over time like rate sensors. This error is probably caused by
the placement of the magnetic sensor and will most likely be reduced or eliminated by placing it on the
missile centerline.

TELEMETRY AND SENSOR DESIGN

The roll sensor is composed of two magnetic sensors that sense the magnetic field of the earth and are
orthogonal to each other as well as to the roll axis. The magnetic sensor used here is made by
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Honeywell(1) and has both sensors packaged in a single 20 pin integrated circuit(IC). Other magnetic
sensors could be used as well. This 20 pin IC is mounted on a circuit board as shown in Figure 1. The
missile telemetry section was made from non-ferrous materials so that it would not affect the
performance of the magnetic sensors.

Figure 1. I MU Layout

The signal conditioning and signal flow for this circuit is shown in Figure 2. The signals from the
magnetic sensor are in the millivolt range. They are amplified with instrumentation amplifiers to have an
output of approximately ±1.25 Volts and are filtered at 200Hz, which is ten times the maximum
expected roll rate. They are then fed into a MUX which is an analog multiplexer. From the MUX, the
signals are sampled at about five times the filter cut off frequency by a 12-bit analog-to-digital(A/D)
converter. The input voltage range of the A/D converter is ±2.5V. The 100 percent margin between the
amplifier output and the A/D input is to account for DC offsets and amplitude changes that occur when
the seeker is turned on or when the sensors are introduced into a different magnetic field. A pulse code
modulation(PCM) encoder formats the PCM data and addresses the MUX as well as controls the A/D
converter. Once the data is formatted, it is sent to the ground via a RF link. All the
formatting of the PCM data is in accordance with IRIG- 106 (2).



Figure 2.  Signal Flow

PROCESSING SENSOR DATA

Figure 3 shows the raw roll sensor data after the PCM data has been received and decommutated on the
ground. The X-axis is samples. One sample is taken every 720 microseconds., The Y-axis is the raw
digital count value from the A/D conversion. In this case, 2’s compliment was used to provide signed
count values. The raw data can be used to determine the direction of roll as well as roll rate over an
interval. The direction is determined by which sensor leads the other. In this case the “Roll” sensor is
leading which means the missile is rolling clockwise. If the “Roll90” sensor led, the missile would have
been rolling counterclockwise. The rate can be determined by counting the number of revolutions over a
given number of samples(i.e. time).

Figure 3.  Raw Magnetic Sensor Data



The data from Figure 3 was collected while the unit was being tested on a CARCO table, which
simulates missile flight and can exercise the missile in all three axes of rate. The CARCO table has truth
data for pitch, yaw and roll position. This data set was taken while the missile rolled at 15 revolutions
per second and performed a ±25 degree pitch maneuver. The pitch maneuver shows up as the low
frequency large amplitude modulation. The higher frequency low amplitude modulation is believed to be
caused by the CARCO table itself. At first there was a concern about being able to determine roll
position from this data. It turns out that both are common mode signals that cancel out.

In figure 1 you will notice that the sensors are always 90E out of phase with respect to each other. In
other words they are in quadrature. They can be thought of as I and Q signals where quadrature
detection can be performed on them. A macro was written in Visual Basic, to come up with an algorithm
to perform the quadrature detection and determine roll position, and is found in Appendix A. The X
values are the “Rol190” data and the Y values are “Roll” data. Before the data is processed with this
macro, it is first scaled and the DC level is found. Notice in Figure 3 that the “Roll” sensor signal has a
larger swing than the “Roll90” sensor. Therefore the peak-to-peak swing of one of the sensors during a
certain interval needs to be determined and scale the other sensor data so it has the same peak-to-peak
swing over the same interval. Next, the DC level is found by averaging data over a large interval where
the missile is rolling. This DC level is used in the macro and is called xmean and ymean. The offset is
the angle that corrects the data so that it starts at zero or its initial condition and is initially set to zero.

The quadrature detection is simply performed by taking the arctangent of the quantity “Roll90” divided
by “Roll”. The arctangent function only returns values between ±90 degrees. We want ±180 degrees.
Therefore, the macro first determines which quadrant the angle is in. This is done by taking the
magnitude(Z) of X(Roll90) and Y(Roll) and performing the arcsine on Y/Z. If the arcsine is positive
then the roll position is simply equal to the arctangent of X/Y. If it is negative, 180 degrees is added to
the roll position data. Finally, the offset is added and the roll position is corrected so it stays between
±180. A flow diagram of the algorithm is shown in Figure 4.

RESULTS

When this algorithm is performed on the data shown in Figure 3, roll position is derived as shown in
Figure 5. Figure 5 only contains the first 5000 samples of Figure 3 so it could be compared to the roll
truth data from the CARCO table. The data set labeled Series 1 is the calculated roll position. Series 2 is
the CARCO truth data. Again, the X-axis is samples and the Y-axis is in degrees. This plot shows that
the calculated roll follows truth very well. Figure 6 is an error plot that was generated by taking the truth
data and subtracting the calculated-roll data. It shows that the peak error was about 10 degrees and has a
periodic function. The spikes in the data are where the data wraps from "180 to - 180 degrees. The
sensor on the CARCO table had a dead spot of 4 or 5 degrees in the region of ± 180 degrees.
Consequently, these spikes vary between +360 to -360 degrees and are not real data.

ERROR CORRECTION

Since the error data was periodic in nature there should be an explanation for it and it might even be
correctable. The algorithm was ran on a data set from a different set of sensors and the same error with
the same peak showed up. The explanation for this error can be found by looking at Figure 1. The
magnetic sensor is not in the middle of the roll axis or the centerline of the missile. The roll sensor
actually performs a cycloid as the missile rolls. Looking up the cycloid function in a Math Handbook(3)

showed the error matching the cycloid. The 58-degree offset shown in Figure I occurs exactly where the
peak error occurs. I tried to implement an error correcting algorithm but found it to be quite difficult to
implement. This error should go away when the roll sensor is moved to centerline of the missile and



Figure 4.  Flow Chart



Figure 5.  Plot of CARCO Truth Data versus Calculated Roll Data

Figure 6.  Calculated Roll Error Plot



results far better than 10 degrees of roll position error can be achieved. For this particular application,
the roll sensor could not be placed on the roll axis since that is where the horizontal and vertical
accelerometers are placed to reduce g errors due to roll.

CONCLUSION

The overall roll position sensor consists of two parts: a sensing element and an algorithm to reduce the
data. The sensing element is a two axes magnetic sensor that senses the change of the magnetic field of
the earth as the missile rolls. The algorithm then takes the two sensor signals, which are in quadrature,
and processes them as though they were I and Q signals. The design implemented in this paper had a
cycloidal error due to the magnetic sensors being off the centerline of the roll axis. The error was about
10 degrees peak and did not grow in time. This error will probably be reduced or eliminated by moving
the sensor to the missile centerline. The two axes magnetic sensor is housed in a single 20 pin IC. The
signals are sampled and sent to the ground where they are processed by an algorithm to obtain roll
position. Another possible application is to implement the quadrature detection with hardware in the
missile and then send down computed roll position.
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ABSTRACT

The operator interface to a modern radar, sonar or weapons system trainer (WST) is typically one or
more high-resolution video displays driven by PC’s or other workstations. The training system used
to instruct and qualify operators for this type of mission critical application should be capable of
recording RGB video data to a fine level of detail. Similarly, ground stations for Research,
Development, Test and Evaluation (RDT&E) and Operational Test & Evaluation (OT&E)
applications often utilize high-resolution workstation screens to display critical test data. And often,
these workstation screens are located in mobile vans, on aircraft, or are otherwise remote from test
conductors who need access to the same screen data.

This paper presents a solution for the efficient digitization, storage, replay, and transmission of the
data displayed on the high-resolution workstation screens commonly found in these types of training
system applications.

KEY WORDS
High Resolution Digital Video, Range Training Systems, Operational Test & Evaluation (OT&E),
Research, Development, Test, and Evaluation (RDT&E)



INTRODUCTION

The high-resolution workstation screens commonly found today in weapons systems trainers and
RDT&E/OT&E ground station applications are often key elements in the training of operators and/or
the evaluation of modern weapons systems.

A typical application for a WST might be a high-resolution workstation screen displaying detailed
map imagery with overlaid symbols, while a typical application in RDT&E might be a complex
screen of critical test parameter data superimposed on an animated mimic diagram of a unit-under-
test. Two example applications are described in the following section.

EXAMPLE APPLICATIONS AND TYPICAL REQUIREMENTS

Figure 1 is an example of a weapon system training (WST) application. The system operators
undergoing training sit at high-resolution workstation screens and take part in the training exercise.
A trainer or test conductor in a separate “van” records the RGB video output of three hi-resolution
consoles and records the actions of the weapons systems operators using NTSC cameras. The
monitors in front of the test conductor are optional and support remote monitoring of the RGB and
NTSC video during recording as well as playback of previously recorded test data.

Figure 2 is an OT&E example where there are multiple weapons systems or “players” under test out
on the range and the “telemetry ground station” mobile van is the focal point for collecting data from
the remote “players”. The data collected is typically some combination of video and instrumentation
data transmitted via PCM telemetry from the players plus communications and other data sources
(TADIL-J, 1553 etc). The senior “test conductor” is typically located in the range control/data
center. In this scenario, the remote telemetry, video, and workstation screen data can all be collected
relatively close to the test and then transmitted to the range control center using standard ATM
network technology. At they control center, standard workstations and PCs can archive and replay
the data - data that previously would have only been available in the mobile van out on the range.

An ideal solution for these types of workstation screen acquisition applications may require some or
all of the following features:

• Non-intrusive to the operator and system being operated
• Support capture and recording of high-resolution video displays, outputs from NTSC

video cameras, audio and other associated data sources
• Support real-time monitoring and display of the above data sources during the test
• Support playback of the above data sources after the test
• Support playback of historical test data while recording continues
• Support synchronization between multiple sources of data
• Support remote access to video data using standard communications networks



Figure 2 –  Example RDT&E/OT&E System
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EXISTING SOLUTIONS

The workstation screen acquisition requirement has been met in the past using several approaches,
none of them ideal.

For example, one method currently in use – especially in operator training applications -  is the
incorporation of custom “data dump” software into system under test (SUT). This method is
intrusive in that the operational software of the SUT is modified to archive specific data of interest.
This can adversely impact SUT performance as well as being a potential software maintenance
headache. If the operational software is upgraded, it may also be necessary to modify the “data
dump” software in parallel. Another drawback of this method is that custom post-processing
software is likely to be required in order to implement playback or data analysis after the test. In
summary, the “data dump” method relies on intrusive data logging to characterize operator actions at
the SUT consoles.

An alternate approach now commonly in use at many range training sites employs some combination
of video recorders to collect images from both NTSC cameras and the RGB workstations themselves
(the latter method is often referred to as “ scan conversion”). The use of NTSC cameras is most
suitable to the monitoring of an operator’s physical actions during a test and his interaction with
other operators. These cameras (which generally support resolutions of 640 x 480 pixels) are usually
used with a standard VHS or more sophisticated video recorder. In some cases, they are also used to
record images from the operator console itself, simply by pointing the camera at the screen. The
resolution of these “over-the-shoulder” video screen captures is usually very coarse and is not
satisfactory for most cases.

To achieve some degree of basic fidelity in recording the RGB video from the operator’s console, a
video scan converter can be used. This is a commercially available device, which samples the analog
video output from the console, and converts it to lower resolution NTSC video for recording on VHS
tape. Since the resolution of the recorded video is only 640 x 480, much of the fine detail of the
original RGB image is lost. Although scan converters that support HDTV formats have recently
become available, they only support a few fixed image sizes up to 1920 x 1080. This restriction can
result in a loss of video resolution or distortions in image aspect ratio. Both the NTSC camera and
scan converter methods of collecting data have the added limitation of recording a single video
stream to each tape. This can present major problems in post-test data reduction and data analysis.

In summary, the existing solutions have problems in the area of RGB video resolution, handling of
multiple video streams and intrusiveness. A COTS solution that addresses these concerns is
presented in the following section.



A COTS SOLUTION

The AP Labs DVE-201 High-Resolution “Digital Video Engine” is designed to satisfy the
requirement for efficient acquisition, compression, and decompression of workstation screen video.

While high-performance defense-related applications sometimes require custom solutions, the
approach taken with the DVE-201 has been to minimize the custom content. Therefore, the DVE-
201 utilizes standard, main stream chip-level products designed for high volume data acquisition (for
signal acquisition), DSP (for system management), VME interface (for communication with the rest
of the system), and image processing (for compression and decompression of the high-resolution
images). This reduces cost and development schedule while increasing the possibility for future
enhancement as commercial chip performance increases over time. The card set consists of a
common VME motherboard which contains the video compression/decompression module, plus the
audio acquisition interfaces. A plug-in daughter card provides either high-resolution RGB or
NTSC/PAL/SECAM capture and playback.

The DVE-201 video card (and the open-architecture systems integrated with the DVE-201 as the
core element) provide the following key features:

• Acquisition, recording and playback of RGB images up to 2048 x 2048 pixels
• Per channel configuration of any resolution up to maximum 2048 x 2048 pixels
• Re-configurable to support multiple numbers of RGB, NTSC and other video formats
• Based on open architecture approach, which allows integration of other data sources such

as MIL-STD-1553, tactical data links, A/D, serial, digital I/O etc.
• All video and other real-time data is acquired and synchronized using IRIG or GPS time
• Turnkey system available in rugged, portable or rack-mount packaging
• Controlled by VCR-like GUI which runs on any JAVA enabled platform
• Supports fully autonomous and remote control (serial) operation
• Digitized video data can be distributed over standard network (e.g. Ethernet, ATM) for

real-time recreation of video displays at remote site

Figure 3 – AP Labs DVE-201 High Resolution “Digital Video Engine”



SYSTEM-LEVEL ARCHITECTURE

The system design is based on modular, open architecture building blocks and common, industry
standard technologies such as VME64, Ultra SCSI, Fast Ethernet and the VxWorks real-time
operating system. The use of non-proprietary COTS building blocks guarantees the end-user
maximum flexibility whether he chooses to integrate video cards into his own system or add
capability to a turnkey data system.

The block diagram (Figure 4)  below shows the basic components of the system. The Real-Time
Video Data Server is the common “building block”  for systems such as the examples described
above. The Video Data Server contains the video acquisition cards, CPU card and storage devices
necessary to record and playback multiple video data streams, as well as the network interfaces
necessary to distribute the data across standard networks. Many other standard interfaces can be
included (PCM Telemetry, 1553 etc) but are not shown here simply for clarity.

In this example, the “System Under Test” consists of three operator stations. At each station, the
sources to be recorded are hi-resolution RGB, NTSC camera and audio.

The System Control Client provides a graphical user interface that can be used to setup, configure,
start and stop the real-time system over Ethernet or serial link. Any general purpose PC or
workstation can run this GUI software, which is based on the JAVA programming language.

The Display Clients can act as either “quick-look” monitors of video data during recording, or can
be used as post-processing stations for off-line analyst review of previously recorded video data.
This software can be run on any general purpose PC or workstation since it is written in the JAVA
programming language.

Synchronization between all data sources is maintained using IRIG or GPS time stamp of each
individual data buffer.

On the software side, the VxWorks real-time O/S guarantees deterministic real-time performance
(which prevents loss of data), strong network support libraries and user-friendly development
environment. Also,  the software architecture for the video record and playback application is based
on a client/server model. The software has been developed using a modular approach with clearly
defined Application Programmer’s Interfaces (API’s). The result is that new software modules can
be cleanly developed and easily integrated with the baseline code. Examples of included API’s are:

• Client/server API – allows integration of new clients for command/control or data
distribution/display

• Real-Time I/O API – new types of I/O can be recorded along with the video and audio
data (e.g. 1553, NTDS, ARINC-429, tactical data links)

• Real-Time device driver API – VxWorks device driver allows integration of video cards
into customer furnished data system

In keeping with current trends toward open architecture software solutions, source code is available,
should the end user wish to implement customizations to the baseline
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Figure 4 - High Resolution Digital Video System Architecture



VIDEO DATA SERVER OPERATION

The Real-Time Video Data Server supports both record and playback modes for all video and audio
channels. While in record mode, each active video channel is sampled by an A/D converter on the
RGB or NTSC daughtercard. The resulting digital video data stream is compressed to JPEG format
on the VME baseboard. The compressed digital video data is copied across the VMEbus to the
PowerPC CPU card, where it is archived to disk, tape or RAID.

During playback, the process is reversed. The compressed digital video buffers are retrieved by the
CPU card from the SCSI storage media, then copied over the VMEbus to the designated video
baseboard. The digital data is decompressed, then streamed to the RGB or NTSC daughtercard,
where it is converted to analog video output.

The user configures the video channel setup prior to recording. For NTSC recording, the frame rate
and compression ratio are specified for each active NTSC channel. Default NTSC settings are 30
frames/sec and 30:1 compression ratio. Other settings can be programmed.

For RGB recording, the video format, the frame rate and compression ratio are specified by the user
for each channel. Default frame rate for RGB is 10 frames/sec and 20:1 compression ratio. The
following RGB video formats are user selectable on a channel-by-channel basis:

• Sun (1600 x 1280) @ 76 Hz
• UXGA (1600 x 1200) @ 75 Hz
• Sun SXGA (1280 x 1024) @ 76 Hz
• SGI SXGA (1280 x 1024) @ 76 Hz
• XGA (1024 x 768),  SVGA (800 x 600), and VGA (640 x 480) @ 75 Hz

In addition to these common RGB video formats, the user can define his own custom RGB format
by specifying the parameters that characterize the video hardware in the SUT. As an example, the hi-
resolution Sun format listed first above was defined with the following parameters.

Number of active pixels per line = 1600
Number of horizontal blanking pixels = 520
Number of active lines = 1280
Number of vertical blanking lines = 60
Vertical Refresh Rate = 76 Hz
Sync type = Composite

The RGB video card has been designed to accommodate all video resolutions currently in use, plus
those anticipated to be in use over the next few years. The maximum image size that the RGB video
card can record is 2048 x 2048 pixels, which is significantly larger than any existing video formats
(or any anticipated video formats).

Since the RGB video card operates at a clock rate of 220 MHz, the digital video data stream is
limited to a maximum pixel rate of 220 Mpixels/sec. To calculate the pixel rate for a given RGB



video configuration, multiply the total number of pixels in the image (including blanking) by the
vertical refresh rate. For the Sun hi-resolution format above,

PIXEL_RATE = Pixels_per_line * Num_vertical_lines * Refresh_rate
 = (1600+520) * (1280 + 60) * 76
 = 215.9 Mpixels/sec

After a channel has been recorded to the local storage device (hard disk, hi-speed tape or RAID), the
playback is performed with the same frame rate, compression ratio and (in the case of RGB) video
format.

SYSTEM SCALABILITY

The system can be scaled to support many channels of video by simply adding cards to the VME
backplane – no software recompilation is necessary. The maximum number of video channels that
can be supported on a single VME backplane is dependent on the mixture of RGB and NTSC
channels (hi-resolution RGB requires more system resources than NTSC).

The following table presents the “worst-case” mixture of RGB and NTSC video cards that can be
handled on one VME backplane. These numbers are based on the assumption that all RGB channels
are recording at the maximum rate (10 frames/sec, 1600 x 1280 @ 76 Hz) and all NTSC channels
are recording at the maximum rate (30 frames/sec, 640 x 480). If it is known that the resolutions
and/or frame rates are lower than “worst-case”, then more video cards can be handled in a single
backplane.

RGB NTSC
0 20
5 5
6 0

For larger applications, multiple Real-Time Video Data Servers can be linked together and
controlled from a single System Control Client station. The commands to setup, start and stop the
video server are sent over Ethernet or serial links depending on the specific physical configuration.

SYSTEM MODES OF OPERATION

One or more Real-Time Video Data Servers can be controlled by the System Control Client software
which can run on any JAVA enabled workstation, such as a PC, Sun or SGI. In most cases, the
communication link between the client workstation and the video server is via Ethernet, although
serial is also an option. The client software provides for setup of the individual video and audio
channels, start/stop and record/playback control. Status is displayed indicating video sync status for
each channel, video frame counters for each channel and status of the disk or tape storage.

Table 1 – RGB and NTSC Maximum Channel Capability, Per VME Backplane



Autonomous operation is also supported, which allows the user to download a pre-defined video
channel setup into non-volatile memory, then run the Real-Time Video Data Server in stand-alone
mode. This configuration may be useful in situations where it is not convenient or physically
possible to connect a System Control Client workstation to the video server.

PACKAGING OPTIONS

A wide variety of VME chassis are available to package the boards and peripherals required for the
digital video system. For portability, the FS-4006 flight case enclosure is recommended. This has
space for 8 VME slots, front removable power supply, two removable SCSI hard drives and two hi-
speed tape drives. For fixed mount applications where shock and vibration protection is required, the
FS-7275 or FS-7276 ATR enclosures offer from 7 up to 12 VME slots and space for multiple
peripherals. For benign lab environments, the industrial grade FS-1220 or FS-1112/21 offers 12 to
21 slots with a variety of dual backplane configurations. Some examples are shown below.

CONCLUSIONS

This paper has presented a solution for the requirement to digitize, archive, replay, and distribute the
screen data commonly found today on high-resolution workstation screens in WST, RDT&E, and
OT&E applications. With current state-of-the-art commercial products, 10 frames per second update
rates at 1600 x 1200 resolution is achievable. Future plans include increasing the update rate while
reducing the bandwidth requirements for transmission of image data across the Internet.

Although the need for this type of RGB workstation screen recording has primarily been found in
defense applications such as those described in this paper, other potential commercial applications
include medical image processing and Air Traffic Control.  Applications in these additional areas are
under investigation.

Trademark Acknowledgements: VxWorks is a trademark of WindRiver Systems. Sun is a trademark of Sun
Microsystems. Other trademarks are the property of their respective owners.

FS-4006 Transportable FS-1112 Lab GradeFS-7275 1 Long ATR

Figure 5 - Digital Video System Example Packaging Options
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ABSTRACT

Overview of video compression modules developed and flown as part of PSL’s flight-proven
family of modular PCM components. Wavelet based video compression deck is compatible with
PCM Encoder modules, allowing video to be included in instrumentation data stream. Video
compression modules allow the user to select video frame rate and video quality, supports 8-16
bits/word, and non-symmetrical PCM matrices.  Video Compression and formatting is achieved
with a wavelet compression IC and specialized DSP code. Video output is achieved with PSL
PCM Decommutator and Video Decompression Module.

KEYWORDS
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INTRODUCTION

Adding a video compression interface to a modular PCM encoder eliminates the need to utilize
separate data links for instrumentation and video. The video compression ratio can be varied by
both frame decimation and compression ratio. The compressed video is packetized into a
transport stream and serially sampled from the video compression module by the control module.
The video data is correlated out of the PCM data stream, decompressed and output as NTSC
video. This system has been flown successfully on a sounding rocket on December 19, 2000.

SYSTEM OVERVIEW

The Video compression system consists of an airborne (flight) system and ground system. The
airborne system consists of video compression module mated into a PCM encoder system, which
may include analog, parallel, RS-232/422, and other instrumentation modules. A control module,
power module, and filter module must be included in the PCM stack. The filtered PCM output is
then fed to a S-Band transmitter and antenna system.  For the test flight the system consisted of:
3 Analog modules, 1 Parallel module, 1 Asynchronous Serial Module, 1 Time Event Module, 1



Power Module, 1 Control Module, 1 Filter Module, 1 Analog Video Module, and 1 Digital
Video Compression Module. The ground system consists of receiving antenna, receivers, bit
sync, PCI Decom, video decompression module, VCR, monitor, and digital recorder.  All
components for the ground system were COTS hardware with the exception of the PCI Decom
and decompression module, which were developed specifically for the task. The PCI Decom is
now available with the video output as a standard feature.

The system was flown with a 4 Mbps data rate; the video compression system consumed 2.064
Mbps of the total data rate utilizing a supercommutated non-symmetrical PCM matrix. The
system achieved a 12 fps video rate. The video compression ratio achieved was approximately
104:1. The digital video bus is 8 bits wide and runs at 27 MHz.

Video Compression System Block Diagram
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AIRBORNE HARDWARE DESCRIPTION

The modular video compression system was separated into two parts: the analog video
digitization module and the digital video compression module. This was done to allow future
upgrades to either system in the advent of new technology.

The analog video digitization module allows for one of four switchable CVBS or one of two Y/C
video inputs to be digitized into an 8-bit CCIR-656 format. The video inputs can be switched via
a TTL signal. On power-up a microcontroller reads a small NVRAM and sets the video input
processor to preset values via an IIC bus. The microcontroller has an RS232 interface, which



allows the user to program all registers on the VIP (video input processor) in real-time via a
Windows program. Once the user is satisfied with the VIP settings they can be saved in the
NVRAM.

The Digital Video Compression (DVC) module compresses the 8-bit CCIR-656 data stream,
creates a serial data stream and interfaces with the control deck to include the data in the PCM
format. The DVC must be programmed with the target bit rate and video field desampling rate.
The actual video compression ratio is controlled by a digital servo loop that maintains the
memory buffer at a 50% fill ratio when read by the PCM control module. With this method the
entire allocated PCM video bit rate is utilized. The serial bit stream created is a MPEG 2
program elementary stream with a 188 byte transport packetization.

Video Compression Module Block Diagram
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GROUND HARDWARE DESCRIPTION

The components developed for the ground system included a modified PCI decom and a
decompression module. The PCI decom was modified to correlate the transport packet header
and output a synchronous serial stream with a 16 bit word strobe. This allows for various bits per
word configurations, with no additional overhead. For the test flight the system was flown with
10 bits/word. The decompression module has a small TFT screen to display the decompressed
video, as well as, video output ports for recording and display.  The PCI decom system also



contained a logging board, which allowed the entire PCM stream to recorded on the hard drive.
Post flight the video data was extracted from the PCM stream for further analysis.

Video Decompression Module Block Diagram
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FUTURE UPGRADES

In the near future the video decompression module will be modified to allow the user to input
video, then specify a bit rate and frame rate to determine the quality of compressed video.
Additional upgrades in the future may include incorporating a single user interface for both the
analog video module and the video compression module. For further video compression, frame
differencing techniques may be explored.

CONCLUSION

The video compression modules can eliminate the need for an additional analog video link, by
allowing compressed digital video to be included with instrumentation data. The video
compression modules can be useful when encryption of video data or all measurement data is
required. Typical bit rate requirements for the compressed video are 500 Kbps – 8 Mbps
depending quality and frame rate requirements. The video compression can work at lower
bitrates, but the frame rate required to maintain acceptable quality suffers.
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ABSTRACT

Visitors to web pages are, in most cases, restricted to viewing information the page designer has
anticipated they will be interested in viewing. Many times this is adequate, but there are instances
where the visitor wants the information they view to be based on selections they choose. The Air
Force Research Laboratory (AFRL) Space Vehicles Directorate anticipates selected customers will
have a need to view very large data sets that vary from the satellite payload to the satellite state of
health1, and will require controlling what they view in an “ad hoc” manner. In response, AFRL is
using Java Server Pages developed within the data center to bring interactive and dynamic web page
content to these customers.

KEY WORDS

Java Server Pages (JSP), Extensible Markup Language (XML).

INTRODUCTION

Java Server Pages (JSP) was first introduced by Sun Microsystems in 1998 to provide an easy means
to create information rich, dynamic web pages. At the time, Microsoft had already deployed its
Active Server Pages (ASP) that was also used for dynamic web page creation. Sun developed JSP as
an extension to Java Servlets or “server side” Java applets. Servlets were, however, difficult to create
and maintain. With the introduction of JSP, Sun was able to effectively compete with Microsoft’s
ASP while maintaining the “write once, run anywhere” advantage of Java.

JSP pages use tag based syntax similar to Hypertext Markup Language (HTML). The JSP pages
themselves are a combination of scripts, HTML, Extensible Markup Language (XML), and Java, all
of which allow web page developers to create and maintain dynamic web content while
simultaneously providing access to all Java classes and functions. This combination gives JSP the
power of an object-oriented language that encapsulates the logic that generates page logic coupled
with the ease of scripts. The data processing logic resides on the server while the page formatting
(HTML, XML) is passed back to the browser. This model separates data processing from data
display making JSP a useful tool for displaying telemetry data points.



JSP PROTOCOL

With simple HTML protocol (Figure 1) the client requests a web page from the server. The server
simply retrieves the requested page and sends it back to the client browser.

Figure 1

The JSP protocol (Figure 2) starts off resembling the typical client/server protocol. At the browser
(client) the user makes an entry into a form. The entry typically triggers a request for information
from the server. The information request is sent to the server where the server interprets the request
as JSP code and locates the JSP source file residing on the server. The JSP engine, Tomcat for
example, translates the JSP source program into a Java class that is compiled into a Java servlet
program. The Java servlet is what actually processes the request, and the results of the processing are
sent back to the client as HTML, or XML, where it is formatted and displayed.

Figure 2



JSP pages are compiled into Java servlets when they are instantiated. They are a combination of
HTML, XML, and JSP that give users the dynamic content. For the developer, full use of Java API’s
are available that gives client web pages data processing utility and power.

DATABASE EXAMPLE

Avedal2 discusses two models in creating dynamic GUI’s, the “Co-Branding” model that customizes
the look of the GUI and the “Web Portal” model that customizes the content of the web page. The
Co-Branding model is likened to Windows NT or 2000 users being able to customize the wallpaper
or screen saver when they logon to their desktop, and will not be used at AFRL. The latter model,
however, is being used at AFRL to develop interactive web pages for data center customers.

The Web-Portal model can be either cookie or database driven. We have opted to make our web
pages database driven, but the concept is identical in either case. The idea behind this model is to
create web pages whose content is altered by selections made by the web customer, thus giving
customers meaningful information which they request and not what the web page designer
anticipates they will request.

Using the Portal approach, a request is sent to the database server (see Figure 2) consisting of what
the user wants to query. JSP instantiates the Java program and the database is queried. Figure 3 is
sample code from a related project that executes a SQL “Select” function. The results of the query
are returned from the database management system (DBMS), via the ResultSet function, and sent
back to the web page where it is formatted for display.

This example embeds the SQL query within the Java source file which is not an optimal approach.
Future development will have the customer building the SQL query on the web page, and that query
will be sent to the DBMS.

// Load the JDBC driver
         LoadJDBC loadjdbc = new LoadJDBC();
         loadjdbc.LoadDriver();

   ResultSet rs = null;
// Grab the entries in the GUI
   while (entries != NULL)
   {

         String entry 1 = First Entry.getText();
   }
// Build the SQL statement

         String the_query = " SELECT * FROM My_Table;”
// Execute the query

         Statement statement = con.createStatement();
// Results of the query

         rs = statement.executeQuery (the_query);

Figure 3

Figure 4 is a design of the type of web pages being planned for data center customers and illustrates
the “drilling down” search mechanism.



Figure 4

Customers currently have two types of data they can retrieve from the data center. If they select
“Payload” the area directly below the Data Type list box is populated with “Payload” options. In this
example, the customer wishes to search the database using “Start Time” between “12:30:3000 and
12:33:0000.” After pressing the “SEARCH” button the request is sent to the DBMS and the results,
Payload_3 and 2 of 3, are returned and displayed at the bottom of the web page in the “File Name”
and “Sequence Number” list boxes respectively. These results that were returned, as a result of the
query, are table entries in the “Catalog” table within the data center DBMS (Table 1).

File Name Recorded Date Ground Station Start Time Stop Time
Satellite_2 01/23/2000 Hawaii 10:15:0000 10:17:4000
Payload_3 01/23/2000 Florida 12:27:0000 12:32:0000
Payload_4 01/23/2000 Florida 12:32:0000 12:37:0000
Table 1: Example Catalog table entries

If the Start Time had been between “10:15:0000 and 12:34:0000” then the query would have
returned three file names that would be listed in the File Name list box (“Satellite_2, Payload_3,
Payload_4”).



The user can refine the search by checking the “Search Within Results” check box, changing the
time span, and searching again. These new results would replace the “Payload_3” and “2 of 3”
currently being displayed.

Figure 5

Figure 5 illustrates a slightly different approach to applying the Portal model. Where the previous
example returned “File Names” that matched the query, this web page returns the contents of the file
that match the query. It does this by building, displaying, and populating a series of list boxes that
are dependent on the previous list box selection the customer makes. The DataSource list box, for
example, displays “Payload.” As a result of “Payload” being selected, the Subsystem list box
displays “ACS.” If another DataSource were selected, then the Subsystem list box would be
populated with an entirely different list of choices. The choices presented to the visitor would come
from a different table within the database. Just as in the previous example, the contents of the list
box are dynamic and interactive, and give the visitor control over the web page.

Similar approaches can be used regardless of the application. Telemetry data points, for example,
stored in a database, can be accessed using finer and finer search mechanisms to return the data set
that the user is interested in viewing. Both examples illustrate a specific satellite related application
of dynamic, interactive web pages. Other uses such as inventory monitoring, trend analysis, or any
application that requires data being updated on a regular, non-real time, basis, and viewed by
geographically separated customers, all fit into this interactive paradigm.



CONCLUSION

Dynamic web pages are the next step in the web page evolution. Customers are asking for some
measure of control how data is presented to them and control over what they see. Java Server Pages
delivers the power of an object-oriented language coupled with the ability to extend the versatility of
existing web pages beyond static displays.
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ABSTRACT

TechSat21 is an innovative satellite program sponsored by the Air Force Research Laboratory Space
Vehicles Directorate and the Air Force Office of Scientific Research. Its mission is to control a
cluster of satellites that, when combined, create a “virtual satellite” with which to conduct various
experiments in sparse aperture sensing and formation flying. Because TechSat21 customers have a
need to view very large data sets that vary from the payload to the satellite state of health1 a modern
viewing method using Java Server Pages and Active Server Pages is being developed to meet these
interactive dynamic demands.
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INTRODUCTION

Java Server Pages (JSP) was first introduced by Sun Microsystems in 1998 to provide an easy means
to create information rich, dynamic web pages. At the time, Microsoft had already deployed its
Active Server Pages (ASP) that was also used for dynamic web page creation. Sun developed JSP as
an extension to Java Servlets or “server side” Java applets. Servlets were, however, difficult to create
and maintain. With the introduction of JSP, Sun was able to effectively compete with Microsoft’s
ASP while maintaining the “write once, run anywhere” advantage of Java.

JSP pages use tag based syntax similar to Hypertext Markup Language (HTML). The JSP pages
themselves are a combination of scripts, HTML, Extensible Markup Language (XML), and Java, all
of which allow web page developers to create and maintain dynamic web content while
simultaneously providing access to all Java classes and functions. This combination gives JSP the
power of an object-oriented language that encapsulates the logic that generates page logic coupled



with the ease of scripts. The data processing logic resides on the server while the page formatting
(HTML, XML) is passed back to the browser thus separating data processing from data display.
With this combination JSP can be a useful tool for displaying telemetry data points, via a web page,
while separating the data content generation from the user interface.

JSP PROTOCOL

With simple HTML protocol (Figure 1) the client requests a web page from the server. The server
simple retrieves the requested page and sends it back to the client browser.

Figure 1

As shown in Figure 2, the JSP protocol resembles the typical client/server protocol. At the browser
the user (client) makes an entry into a form. The entry typically triggers a request for information
from the server, such as placing an order.

The information request is sent to the server where the server interprets the request as JSP code and
locates the JSP source file residing on the server. The JSP engine, Tomcat for example, translates the
JSP program into a Java class that is compiled into a Java servlet program. The Java servlet is what
actually processes the request and the results of the processing are sent back to the client as HTML,
or XML, where it is formatted and displayed.



Figure 2

JSP pages look like HTML pages but JSP is compiled into Java servlets when they are instantiated.
They are a combination of HTML and JSP that, when combined, give users  the dynamic content,
e.g., the server alters the file before sending it back to the server. JSP use of Java Servlets means, to
the developer, that the full use of Java API’s are available giving the client web page more utility
and power.

COMPARING MICROSOFT ASP WITH SUN JSP

Both Microsoft ASP and Sun JSP have similar goals, which is to provide dynamic, interactive
content to web pages. However, Microsoft and Sun attain these goals in a different manner. Table 1
lists some of these differences.

Microsoft Active Server Pages Sun Java Server Pages
Web Server Microsoft IIS or Personal Web

Server
Any Web server

Platform *Microsoft Windows Windows, Solaris, MacOS,
Linux

Components COM/DCOM Java Beans, JSP Custom Tags
Memory Leak Protection No Yes



Base  Language VBScript, JScript Java
Custom Tags No Yes
Database Access Yes (Active Data Objects) Yes (JDBC API)
Code Interpretation Each Instance Once
Industry Support Extensive Extensive
Table 1
* Microsoft is due to release ASP+ which is expected to support across platforms.

Microsoft uses ActiveX controls and for this reason is somewhat restricted to Microsoft platforms.
However, third party products are readily available to port ASP to other platforms. Interestingly, one
company, Halcyonsoft (http://www.halcyonsoft.com), ports Microsoft COM components to Java
Beans in order to port COM to other platforms.

JSP provides memory clean up through its base language, Java, which has automatic memory clean
up. To developers this means they do not have to keep track of the objects created and delete or
release the memory those objects use.

JSP is interpreted once to Java byte code and is only re-interpreted when the JSP file is modified. In
practical terms this means there is a delay for the first request going from the client to the server.
Subsequent requests do not suffer this delay because they go to the servlet byte code, which is
already in memory.

Microsoft ASP is optimized for Windows. If the environment you are developing for is a Windows
environment then ASP is likely the best use of resources. On the other hand if your environment
consists of a variety of platforms and operating systems then JSP should be considered a serious
contender to ASP.

JSP SYNTAX

JSP syntax can be broken down into these elements; Directives, Declarations, Expressions, Scriplets,
and Standard Actions.

The Directives are:

“used to set global values such as client declaration, methods to be implemented,
output content type, etc. They do not produce any output to the client.”2

All JSP directives are enclosed within the <%@ … %> tag.

The page directive is used to define attributes that affect the whole page and its’ syntax is:

<%@ page ATTRIBUTE %>

where ATTRIBUTE = language, extends, import, session, buffer, autoFlush, isThreadSafe,
info, errorPage, contentType, charset, isErrorPage.3 For example,



<%@ page import=”java.util.*” buffer=”12kb”%>

is interpreted to include the “java.util.* class library and sets the page buffering to 12K.

The include directive is used to include files and its’ syntax is:

<%@ include file=”Filename” %>

For example, <%@ include file=”/example/myfile.html”%>

JSP Declarations allow the developer to define page level variables and are enclosed within the <%!
… %> tag. Declarations are initialized when the JSP page is initialized.

<html>
<body>
<h1> Expression Example </h1>
</html>

<%! int i = 1;
private int j;
public void myMethod() { … }

%>

JSP Expressions outputs a value back to the client, the result being converted to a string. Expressions
are enclosed within <%= … %>. The following snippet would increment the variable ‘i’.

<html>
<body>
<h1> Expression Example </h1>

<%! int i = 0; %>
<% i++; %>
<%= “My counter is “ + i %>

</body>
</html>

JSP Scriptlets are blocks of Java code fragments that are executed at request time. Scriptlets are
enclosed within <% … %> and may contain any valid Java code.

<html>
<body>
<h1> Scriptlet Example </h1>

<% for (int i=0; i<5; i++)



{
System.out.println (“ i is: “ + i);

}
%>

</html>

To use JSP you will need to install some software on your system. Because you are creating
programs that roughly follow the client/server paradigm you will need a web server. I used Apache
version 1.3 for my (local) web server. You will also need a JSP server that recognizes JSP pages. I
installed a local JSP server that is available from Tomcat (version 3.2.1). Both pieces of software are
open source. Detailed installation instructions can be found at:

http://www.apache.org/
and

http://developer.java.sun.com/developer/onlineTraining/JSPIntro/exercises/SetupTomcat/help.html

Various sources claim that Sun JSP will run on Microsoft Internet Information Service (IIS) thereby
eliminating the need to install Apache and Tomcat on Windows systems. To test this claim I
downloaded a simple JSP example from Sun. While it ran correctly using Tomcat it did not display
correctly when I used IIS as the server.

DATABASE EXAMPLE

One of the more common uses of JSP (or ASP) is to retrieve information stored in a database.
Incorporating database information into the web page enhances and creates a meaningful interactive
web page. Telemetry data points, stored in a database, can be accessed using finer and finer search
mechanisms to return the data that the user is interested in viewing.

TechSat21, a new satellite project for the Air Force Research Laboratory (AFRL), is taking a
modern approach towards satisfying customer needs with respect to accessing data. Customers will
be viewing data via the AFRL intranet and will be ordering their data sets on CD’s or downloading
them directly from the web site. Figure 3 is an example of the type of web pages being made
available to TechSat21 customers.



Figure 3

The TechSat21 customer uses the list boxes (Project, DataSource, etc.) to refine the search down to
the individual parameter level. Depending upon the search criteria, the user may also enter a
conditional statement such as “>30” in the text area. The table at the bottom of the page is where
query results are displayed. This table expands and contracts as needed, another feature of an
interactive, dynamic web page.

The first step is to create an ODBC connection using the built in ODBC Administrator which is a
Windows 2000 (also NT) operating system component. Following the prompts, the correct drivers
were loaded, and a new data source created, that are tied to the data base file.



This example uses a connection to Microsoft SQL Server 2000 database management system
(DBMS). The directive

<%@ page import java.sql.* %>

is part of the JSP file and is used to import the Java SQL library. Once the library is imported this
example uses code to connect to the DBMS, which is also built into the JSP page, and in this case
uses the JDBC-ODBC bridge to connect Sun JSP to Microsoft SQL Server. When the “Submit”
button is pressed a JSP program collects the selected parameters (“TechSat21”, “Payload”, “ACS”,
“Battery_Temp_1”) that define the SQL query criteria.

Finally, the query is sent to the server where the DBMS resides. The DBMS parses the query,
gathers the results, and sends the results to the JSP page where it is formatted and displayed in the
table.

The preceding section described one example of using interactive web pages. Other uses such as
inventory monitoring, trend analysis, or any application that requires data being updated on a
regular, non-real time, basis, and viewed by geographically separated customers, are applications
that fit well into the interactive paradigm.

CONCLUSION

Dynamic web pages are the next step in the data display evolution. Customers are asking for some
measure of control over what, and how, data is viewed and Java Server Pages takes a step towards
that control. With the power of an object-oriented language behind it, JSP is in a position to extend
the versatility of existing web pages beyond existing static displays.
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ABSTRACT

Synthetic-aperture microwave imaging with ground penetrating radar systems has

become a research topic of great importance for the potential applications in sensing and

profiling of civil and geophysical structures. It allows us to visualize subsurface

structures for nondestructive evaluation with microwave tomographic images. This paper

provides an overview of the research program, ranging from the formation of the

concepts, physical and mathematical modeling, formulation and development of the

image reconstruction algorithms, laboratory experiments, and full-scale field tests.
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INTRODUCTION

High-resolution ground penetrating radar imaging has been regarded as one of the most

potential emerging technologies. The applications include the nondestructive evaluation

of civil engineering structures and visualization of geophysical subsurface profiles. To

produce a high-resolution image of a test area, the operation consists of three major

components of microwave illumination, synthetic-aperture scan, and image

reconstruction.

Microwave illumination of the area of interest is typically performed with waveforms in

the form of either a CW pulse or a sequence of coherent CW signals. The bandwidth of

the illumination waveform governs the resolving capability of the imaging system,

especially in the range direction. For the case of CW pulse illumination, the bandwidth

relies on the spectral spread due to the short pulse period. Step-frequency illumination is

also an effective approach to quality data acquisition, which has more well-defined

frequency band and involves more complex RF electronics and in return more efficient

image formation tasks.

The image formation task is implemented based on the concept of coherent multi-

frequency backward wavefield propagation. We first partition the wavefield data into

segments according to the frequency index. Thus, each segment is a collection of

coherent wavefield over the synthetic aperture. The backward propagation algorithm

migrates the coherent received wavefield toward the region of interest to form a

holographic image. And the final image is the superposition of all complex holographic

images.

In this paper, we first present the concept of synthetic-aperture modality for ground

penetrating radar imaging. Then the structure of the backward propagation image

reconstruction algorithm is outlined. Subsequently, results from laboratory experiments



and field tests are selected to illustrate the performance as well as limitation of the

imaging capability.

SYNTHETIC-APERTURE IMAGING

Synthetic-aperture GPR imaging for nondestructive evaluation of civil structures has

been one of the most productive research programs in the Imaging Systems Laboratory.

The project has a span over 12 years with great intensity and momentum. In order to

provide an accurate overview, it is important to cover the early stage of the research

project to review the formulation of the concepts. The project was originated as a

research unit within the Advanced Construction Technology Center (ACTC) of the

University of Illinois at Urbana-Champaign. The objective of the project was to develop

the imaging capability for profiling the interior distribution of the civil structures for the

purpose of monitoring the structural integrity as well as inspection for defects.

To perform preliminary experiments, a GSSI Subsurface Interface Radar (SIR) was

selected to conduct data-acquisition tasks. The SIR system is a pulse-echo transmission

and detection device and its illumination waveform is a gated microwave pulse at the

operating frequency of 990 MHz. The relative time delay of the received echo gives the

depth of the subsurface reflector. Thus, the SIR system itself is mainly a pulse-echo range

detecting device operating in the point-by-point mapping mode. There was no imaging

capability especially in the cross-range direction.

To achieve imaging capability, the most direct and immediate approach is to introduce an

aperture coverage. To do so, we can utilize a multiple-element receiver array with

sufficient aperture span corresponding to the designated resolving capability. Because the

GSSI SIR system is a single-transceiver device, the most effective approach is the

synthetic-aperture modality. This is to scan the transceiver along a designated path at a

steady speed so that microwave echoes can be collected along the scan path. This method

requires simpler data-collection electronic hardware and gives better consistency in terms



of signal quality, due to the use of single-transceiver single-channel configuration. The

trade-off is the scan time required for data acquisition.

IMAGE RECONSTRUCTION TECHNIQUES

The development of high-resolution image reconstruction technique is one of the most

critical elements of the successful execution of the research goal. For this application, the

approach to image formation is based on the concept of the multiple-frequency

tomographic backward propagation method.  To perform data acquisition for high-

resolution visualization, we first illuminate the region of interest with a known waveform.

Data detection can be achieved, for greater effectiveness, by scanning an active

transmitter-receiver along a known path to form a synthetic aperture. Microwace echoes

can then be detected at various receiving positions over the aperture. The echoes received

by the data acquisition system at a receiving position can be described as a superposition

of delayed versions of the transmitted waveform with coefficients determined by target

reflectivity and attenuation in the medium. Because the time delay of the returned signal

contains range distance information, time-delay estimation is first performed on the

echoes at each receiver location. The accuracy of this estimation process governs the

resolution in the range direction. The estimation can be achieved by deconvolving the

returned echoes with the known illumination waveform. For simplicity, this step can be

replaced by a matched filtering process.

After the time-delay profile is estimated, backward propagation is then performed to

obtain the resolution in the cross-range direction. Backward propagation is,

mathematically and physically, equivalent to wavefield focusing. It is important to note

that backward propagation filters operate by employing specific wavelengths. Thus, we

first need to decompose the delay profile at each receiving position into coherent Fourier

components and index these components with respect to the wavelength. In this fashion,

we partition the spectra of the delay profiles over all the receiving positions into coherent

wavefield patterns according to a wavelength index. We then regroup the spectrum data

in such a way that each pattern has an identical wavelength index. After re-indexing and



re-grouping, at a specific index value, the signal pattern is the same as the wavefield that

would be received if the specimen is illuminated with a coherent CW signal at that

wavelength. This is done in such a way that the delay profiles over the synthetic aperture

in the frequency domain become a collection of holograms of the specimen at various

coherent wavelengths. By using a backward propagation filter corresponding to the

appropriate wavelength, we can then backward propagate each of these holograms to the

region of interest to form holographic images of the internal structures.

In summary, this holographic reconstruction procedure involves first a spatial-Fourier

transformation of the wavefield patterns along the scan direction. Then spatial-frequency

domain backward-propagation filters are applied to perform focusing. The backward

propagation procedure is applied to all holographic wavefield patterns individually, since

the formulation of the backward propagation filter varies with the operating wavelength.

Subsequently, a sequence of holographic images can be formed from the wavefield

patterns associated with various wavelengths. The effects due to various illumination

wavefield, monostatic or bistatic, will then be removed with a demodulation procedure

according to the illumination scheme. The remaining step in obtaining the final image is

to superimpose the holographic images for the formation of the tomographic image of the

specimen. The superposition can be achieved in either the space domain or spatial-

frequency domain. In practice, it would be performed in the spatial-frequency domain for

computational efficiency. For systems with one-dimensional synthetic apertures, the

resultant images will be two-dimensional cross-sectional profiles, with the additional

dimension, that in the range direction, being obtained from the time-delay estimation.

Similarly, three-dimensional images can be obtained for systems with two-dimensional

apertures.

LABORATORY EXPERIMENTS

Subsequent to the theoretical study, algorithm development, and simulation, a sequence

of laboratory experiments were conducted with the GSSI SIR system to demonstrate the



resolving capability, sensitivity, and limitation of the synthetic-aperture imaging

technique. For the experiments, large concrete blocks were constructed containing sample

test objects such as rebars, air voids, metal pipes, and metal pipes containing water. One

important experiment is the imaging of the honeycomb specimen. Honeycomb represents

a typical deterioration effect of concrete structures, which has been known to be

extremely difficult to detect by traditional sensing systems. To test the resolving

capability of the system for this challenging case, we placed a honeycomb specimen in a

concrete block similar to the previous experiment. Figure (1) shows the results of this

successful experiment. The bottom part is the profile of the microwave echoes from the

honeycomb and the top part is the reconstructed image, which clearly shows the location

of the honeycomb specimen.

Most experiments were conducted with two-dimensional configurations that the data

acquisition was conducted along a linear scan path and the resultant image is the cross-

sectional profile of the three-dimensional specimen. Subsequent to these experiments, we

elevated the tasks to the new level of three-dimensional image reconstruction. This

involves data acquisition over a two-dimensional synthetic aperture and tomographic

image reconstruction in three dimensions. To demonstrate three-dimensional imaging

capability, a specimen with three-dimensional variation was constructed and data

acquisition was conducted over a two-dimensional planar synthetic aperture. For this

experiment, the test specimen contains two layers of rebars at different depths. Figure (2)

shows the successful three-dimensional reconstruction of the internal profile of the

specimen.

STEP-FREQUENCY DATA ACQUISITION SYSTEM

The GSSI SIR system we utilized for the laboratory experiments was a simple pulse-echo

device. The illumination waveform is a single-cycle CW pulse. As the RF electronics

becomes more sophisticated and accurate, the pulse-echo devices are now gradually

replaced by step-frequency systems.



Figure (1): Cross-sectional image of a honeycomb void (top) and microwave echoes.

Figure (2): Tomographic image of three-dimensional internal profile of rebars.



During the collaboration with the U.S. Department of Energy’s Special Technologies

Laboratory, a step-frequency system was utilized for the experiments. It is a transceiver

system, illuminating 128 steps of coherent waveforms, ranging from 200 MHz to 700

MHz. The span of the synthetic aperture is 7 feet. Figure (3) shows the reconstructed

image of six buried metal plates. The size of the plates is 1 foot and the spacing in range

direction is also 1 foot. For systems with step-frequency illumination, the decomposition

of the received time-domain signals and repartitioning into subsets of coherent wavefield

patterns become unnecessary and can be eliminated. The final image is simply the

complex superposition of all the coherent holographic sub-images, which substantially

simplifies the computation complexity. On the other hand, the RF electronics is more

complicated for the generation and switching of the illumination frequency.

Figure (3): Multiple-frequency reconstruction of six metal plates.

The utilization of the frequency band is important to the applications of GPR imaging.

The GSSI SIR system, operating at 990 MHz is considered a mid-frequency system and



The STL step-frequency system with bandwidth between 200 MHz and 700 MHz is a

low-frequency device. High-frequency systems give superior resolving capability

because the resolution limit of an imaging system is in general governed by the operating

wavelength. On the other hand, high-frequency illumination also introduces greater

attenuation, which represents a reduction of penetrating capability. In comparison with

the GSSI system, the STL system is operating in a lower frequency domain to gain range

capability by trading off resolution.

CONCLUSION

Synthetic-aperture ground penetrating radar imaging for civil and geophysical structures

has been one of the most exciting applications in the recent years. The effort represents

an integration of the technical areas of signal processing, RF electronics, mathematical

and physical modeling of wave propagation, and hardware and software integration and

optimization. This paper provides a brief overview of the development of the imaging

capability from the formation of the concepts, mathematical and physical modeling,

structure of the imaging algorithms, laboratory experiments, and field tests. In the early

part of the paper, the focus was on the description of the signal-processing procedure as

the inverse scattering process responding to the physical interactions of the microwave

illumination and the subsurface structures of the specimens. Then, out of a long sequence

of laboratory experiments, two were selected for illustration to demonstrate the capability

of this new sensing technology. Subsequently, we moved from the pulse-echo mid-

frequency system to the low-frequency step-CW system. The image reconstruction

algorithm was modified to accommodate the change of illumination configuration and the

result of a full-scale field test was presented.
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ABSTRACT

A systems engineering development for acquisition, transmission, processing,
dissemination and display of information vital to combat casualty care and related first
responder activities is presented. It utilizes a synergistic combination of two existing
state-of-the-art Defense Advanced Research Projects Agency/Space and Naval Warfare
Systems Center San Diego (DARPA/SSCSD) technologies (Sensate-Liner and
ENCOMPASS) coupled via the Enhanced Position Location Reporting System (EPLRS),
an existing wireless military tactical communication data system. Transmission Security
and Communication Security (TRANSEC/COMMSEC) of environmental and biomedical
data is thus accomplished from the battlefield via selected data links and Ethernet.
System functionality and appropriate candidate interfacing technologies will be
discussed.
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INTRODUCTION

Recently the Department of Defense (DoD) conducted an initiative to improve the
survivability of soldiers wounded in combat. Since the Civil War approximately 80% of
seriously wounded combatants exsanguinate before the appropriate intervention can be
effected. A recent DARPA/SSCSD program called the Sensate Liner addressed this issue
by providing a definitive determination of casualty status and a useful estimate of
biological damage. This information can only be applied, however, provided an effective
combat casualty medical communications system is in place to alert the required
personnel in a timely fashion. This paper describes such a system, which for the sake of



discussion is divided into four sections. First discussed is the applicability of modern
soldier and medic mounted wearable computer technology to combat casualty care. Then
the novel Sensate Liner type uniform capabilities are discussed as efficient and affordable
biological and environmental data collection and intervention platforms. An existing
effective telecommunications link (EPLRS) is then described utilizing known hardware
for transmission of the data to personnel charged with medical situational awareness and
medical trauma intervention. Finally, a DARPA system (ENCOMPASS) is described
which provides first responders the clearly developed and processed information they
need to provide effective intervention.

MOBILE INFORMATION TECHNOLOGIES FOR COMBAT CASUALTY
CARE

Mobile information tools continue to emerge from industry at an accelerating rate.
Critical technologies relevant to critical care support include improved computing
resources, innovative information displays, interaction tools optimized for portability, a
range of small imaging sensors, and wireless communications infrastructures.  These
technologies can provide the user with responsive, easily accessible task and decision
support at virtually any work location.  Although such tools may work well
independently, however, it is their combined interaction that provides major advances in
mission effectiveness1 .

Computing and storage power for wearable or hand-held computers expands at roughly
the same rate as desktop units, owing to the increased interest in these portable devices
for an ever-widening range of industrial jobs.  Typical commercial systems feature
Pentium II  Central Processing Units (CPU’s) in the 233 MHz class, with Random
Access Memory (RAM) resources of 160 MB and integrated hard drive storage of 8 GB;
many vendors have already announced systems with greater power.

High-resolution color displays (e.g., 640 X 480 pixels), readable in both bright and dim
light, are now available in hand-held and head-worn variants. While hand-held systems
are most common, head-mounted displays (HMD’s) support task performance in unique
ways.  In particular, HMD information is always available in the field of view (Fig.1) so
the user does not need to look away from the workspace.

Miniaturized keyboards, keypads, and mouse tools are
already familiar to users of portable computers, although
stylus tools and speech recognition are becoming more
common due to PDA popularity and the growing need
for hands-free computer interaction in offices. In
addition, gesture control methods (i.e., computer
interaction using hand and finger movements with
specially instrumented gloves) are being explored to
further reduce the need for conventional input devices in
the field.

t 

Fig. 1. HMD 



The utility of mobile information devices is enhanced when they are equipped with
sensors that either capture data about the environment or extend human senses.  Video
and still cameras are commonly used in industrial settings to support maintenance
collaborations with remote technicians, and both military and civilian communities have
employed thermal and low-light sensors during firefighting and surveillance tasks.  Such
applications typically require knowledge of user location, and the use of commercial
Global Positioning System (GPS) units with these information devices is becoming more
common.

Finally, whether recording data on site (Fig. 2),
transmitting data to another site, or accessing remote
data resources, essentially all naval jobs involve
information sharing.  Portable information tools on
the commercial market typically offer some form of
sharing through physical transfer (e.g., computer
docking), or through radio, infrared, modem, or cell
phone connectivity. Most recently, wireless Local
Area Network (LAN) technologies – and Internet-
based communications methods – have become a
primary focus of fleet interest for distributed
information exchange aboard ship. Internet-based
communications are useful for linking networks of
people and data sources with each other.

It is a relatively straightforward matter to extend the capabilities provided by mobile
information technologies to the essential needs of combat casualty care: access to medical
data, support for casualty assessment, data recording capability, and consultation
assistance2.

The information storage capacity of current wearable computers and hand-held data
assistants can provide a wealth of on-site support data,
including diagnosis and treatment procedures, patient history
records, and medication characteristics.  Such information
can enhance the speed and accuracy of field medical
response.  Attaching special sensors, e.g., physiological
monitors, thermal and conventional imaging cameras, etc., to
available data ports can provide more accurate field
assessments (especially if such results can be analyzed by
internal diagnostic software programs) and can
simultaneously record test results for later review.  Finally,
wireless data sharing can provide a complete foundation for
field medical personnel to gather and transmit casualty data
from the encounter site, to confer with remote experts (Fig.

3), and to record care procedures in advance of patient transport and processing.

 

Fig. 2. Hand Held CPU 

 

Fig. 3. Sensory Input 



Mobile information systems, portable information displays, and wireless communications
have all been successfully tested in a variety of military field applications.  Combat
casualty care places an extra criterion of reliability on system performance, where human
life and welfare are at risk.  The integration of current mobile information technologies
with a Sensate Liner substrate, augmented with EPLRS communications support, can
provide just such reliability for this mission.

A SENSATE LINER COMBAT UNIFORM FOR BIOLOGICAL DATA
COLLECTION

The Sensate Liner (SL) for Combat Casualty Care Program developed a novel combat
uniform consisting of a medically instrumented wearable circuit garment3 useful for
monitoring the medical condition of combat soldiers. The SL mesh (Fig. 4) forms a
conductive back plane hosting and integrating sensors for biological phenomenon such as
blood pressure, pulse rate (heart rate), etc.; physical sensors including - barrier
penetration, motion, position etc.; environmental sensors such as temperature, etc.  The
initial proof of concept suite includes sense modalities for heart rate, respiration, torso
penetration (occurrence, classification and localization), and motion. Of particular
interest is the detection and location of high-speed projectiles penetrating the human
body. Experimental results utilizing polymer acoustic transducer arrays indicate entrance
wound locations can be detected and projectiles tracked through the body with an
acceptable degree of accuracy. The SL, while individually tailored, will utilize computer
automated design technologies such as laser scanning amenable to custom mass
production.

The SL is being designed to meet the performance requirements associated with combat
usage and typical textile characteristics of durability, wear ability, usability,
maintainability and manufacturability, and the integration of the twin objectives realized
through interconnected sensors. The information-processing garment should be an
“integral” garment, flexible and comfortable to the wearer.

Measurements from acoustic sensors employed individually and grouped as arrays have
tracked the projectiles through gel phantoms, allowing presentation of a 3-D virtual
reality display to medical personnel depicting biological damage and suggested medical
intervention via Mobile Hospital (DEPMED) coding. Vital signs detection (Fig. 5),
classification, localization and tracking of battlefield
penetrants and vital signs has been demonstrated
feasible in combat soldiers. Vital signs of personnel
wearing the sensate liner can be continuously
monitored such as the electrocardiogram (ECG) tracing.

Probably most significant impact of this development is
the area of patient wearable biomedical sensor
integration. The circuit garment technology provides
the capability of conducting a flow of energy (and thus
information) about the surface of the human body,

 

Fig. 4. Sensate Liner 



enabling continuous, comfortable, reliable, and detailed monitoring of biological and
environmental phenomenon. This makes cost effective patient monitoring a reality. The
extension to other wearable computer applications is straightforward.  Secondly, for
combat casualty care applications the torso penetration sensor suite allows improved
estimates of biological damage to a medic display as well as physiological monitoring to
improve triage and battle field medical intervention.  Further development will provide a
high confidence level in user acceptance of the SL to the standard suite of military

battlefield gear.

A variety of medical applications such
as in and out patient monitoring,
prenatal monitoring, infant monitoring,
geriatric and intensive care, may
benefit from the use of this technology.
It is hoped this technology will find
wide use in the medical field.

 The SL is a major step towards the
development of an “Artificial Nervous
System” for space and terrestrial

biomedical monitoring and intervention, as well as human performance enhancement.
However to be effective this information must be transmitted to and managed by
responsible parties for effective monitoring and intervention. The combination of fielded
computational assets combined with the greatly enhanced capability for biological sensor
data acquisition represented by the SL is expected to result a greatly increased
opportunity for effective intervention as well as an increased military requirement for
medical data transmission.  In  pursuit of this opportunity the remainder of this paper
discusses an approach to medical data transmission and analysis for  remote physiology
telematics data management.

EPLRS DESCRIPTION

EPLRS provides two main functions for the military:  a secure, reliable digital
communications system, and the position of each radio (PLI).  A secondary function is
navigational aids (NavAids), such as lanes, zones, and air corridors. EPLRS transmits
data packets in a Time Division Multiple Access (TDMA) architecture to provide a
robust, self-healing communications network, which is why it is the tactical data
distribution workhorse for the Army and Marines.

EPLRS is a network of Radio Sets (RS’s) centrally controlled and coordinated by a
Network Control Station (NCS).  The NCS hardware configuration consists of a high
performance, open architecture computer (TAC-4), a timing master RS called the
Downsized Enhanced Command Response Unit (DECRU), crypto devices, and a printer.
NCS’s are installed aboard ships, or mounted in  vehicles.  The RS is extremely rugged,
meeting full military specifications.  Each RS has two external data ports.  One port is for
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the User Readout (URO) , a small, 2 text line military standard handheld device. The
other port is used for the host computer connection.   Recent downsizing of the EPLRS
NCS components also supports a carrying case version for optimum mobility and reduced
cost.

EPLRS is network centric at the NCS.  The roles of each RS in the network are  pre-
planned and entered into libraries which define the network participants and how they
interact.  All RS’s are automatic participants in the control network, which establishes
and maintains connectivity between the RS’s and the NCS, which is the basis for each
RS’s position calculation. EPLRS uses Time of Arrival (TOA) messages from each RS to
perform multilateration tracking calculations.  The reference community is anchored by
at least three surveyed reference RS’s at fixed locations.  Tracking accuracy is improved
greatly as the number of high quality references increase.

After initialization by the NCS, the communications network will continue to operate if
the NCS goes down.  However, the PLI which is calculated by the NCS, would not be
available.

Fixed reference sites are a major deterrent to mobile operations especially in “from the
sea” operations where there is no basis for fixed reference sites.  To offset this deficiency,
the government developed a GPS interface unit (GPSIU) which connects to the URO port
on the RS and passes GPS generated positions to the NCS via the RS.  A minimum of
three GPS equipped RS’s are required as reference units in flat terrain with good RS
geometry.

Although the loss of GPS through jamming may degrade mobility of an EPLRS equipped
war fighting community, it does not degrade the tracking accuracy of an established,
fixed reference network.  EPLRS tracking accuracy is as accurate as GPS, if good
community geometry is maintained.
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Fig. 6. Typical EPLRS  deployment.

Fig. 6 is an example of the Navy’s use of EPLRS in an amphibious assault. The primary
components of the Amphibious Task Force (ATF) are: the Amphibious Command Ship
(ACS), the Primary Control Ship (PCS), the Secondary Control Ship (SCS), Landing
Craft Air Cushion (LCAC), the Airborne Relay Platform (ARP), and the Marine
Expeditionary Unit (MEU). Communication support ranges from 100 miles at sea to 200
miles inland.

Such a deployed EPLRS network provides a unique jam resistant asset available for
communication of the quantities of medical information provided by the “smart
uniforms” of the future such as the SL. The final requirement to complete the combat
casualty care system is a platform to provide for data analysis, display, and response
coordination. This platform we find in ENCOMPASS.

ENCOMPASS SYNOPSIS

ENCOMPASS is a computer-based program that assists in disaster and patient
information management. It consists of several components that can function as a unit or
independently based on the needs of the individual user. It provides incident commanders
and first responders with a common operational picture of the incident scene. Forward
responders actively collect data that is automatically fed into a database. Thus a
situational awareness is provided to all by displaying location, identification of resources
and personnel, a geo-referenced map of the incident location(s), availability of hospitals
in the vicinity, etc. This information is kept current trough fast updates and is displayed
simultaneously to all ENCOMPASS systems.

ENCOMPASS provides planning, resource and casualty tracking, simultaneous
documentation of multiple events and incident accountability. The planning includes
standard operating procedures for handling various type incidents as ready-for-use



checklist of requirements. The tracking of casualties includes the location of all
casualties, responders, equipment and supplies that are necessary to control the event(s).

ENCOMPASS consists of 2 subsystems – Incident Command Management System and
DARPA-Syndromic Surveillance System. The former consists of the following
components: Electronic Watchboard, Crisis Application Planning System (CAPS),
ViewPort, e-WebApps, TACMEDCS (Tactical Medical Communications System), and
Fire Department (FD) on Scene. The latter consists of Patient Encounter Module, BASIS
(biomedical surveillance component), and MedView. ENCOMPASS can be utilized as a
whole with all components or with as little as one or two components depending on the
need/requirements of a specific user.

The EPLRS use is suggested because under jamming conditions very few existing
communications systems will be operational and EPLRS is one of them, which is
relatively less costly. This is not to say that EPLRS is jam proof. But as communication
systems go EPLRS is one of the more resilient ones.

In summary, the ENCOMPASS system provides: enhanced communication between
hospitals and operation centers, fast-time casualty tracking, fast-time hospital reroute
status (all using Web-based components); and an Application Service Provider (ASP)
model which provides sharing of treatment protocols as well as an after action reporting
capability.

CONCLUSION

This paper presents a system capable of providing the necessary data required for
effective intervention from combatants equipped with Sensate Liner capable uniforms to
designated first responders. The elements required are substantially demonstrated, and
while further development and interfacing is required the feasibility of deploying such a
system successfully is very high. This system essentially collects the appropriate
diagnostic information, communicates and processes that information in order to provide
the required alert and suggested interventions recommendations and commands for
saving casualties.
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ABSTRACT

Deutsche Telekom is operating various communication satellites since 1989.  The SCC (spacecraft control
center) is located near Frankfurt / Germany.  The entire system is based on antenna/RF equipment, baseband
and computer software packages running on a computer network of different machines.

Due to increased maintenance effort the old baseband system needed to be replaced. This also had effects to the
computer system, especially to the M&C. The aim was to design the entire system in a way that the operation
effort in costs aspects and human intervention are minimized.

This paper shows the successful real world project of reengineering a traditional spacecraft control center
(SCC). It is shown how a fifteen year old hardware (baseband system) and software design was replaced by a
modern concept during normal operations.

The new software packages execute all necessary tasks for spacecraft- and ground station control. The Monitor
and Control System (M&C) is a database driven design (FRAMTEC, from CAM Germany).

KEY WORDS
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INTRODUCTION

The original SCC was designed in 1985 to provide the following features:

(1) Simultaneous and continuous operation for up to four satellites
(2) Ku-Band telemetry, telecommand and Ranging for these satellites
(3) Network interconnection to SCC and ground station at Weilheim (S-, Ku-Band)
(4) Computer-based system for remote monitoring and control of the whole SCC equipment
(5) Attitude and orbit determination and prediction (integrated Flight Dynamic System)
(6) High reliability and availability of the SCC equipment (system availability design 99.95%)
(7) Ease of operations, automatic control of routine functions for both SCC and satellite control.

Some equipment manufacturers does no longer exist and the maintenance costs increased
dramatically, related hardware and software components had to be replaced by a modern system.

THE OLD GROUND CONTROL SYSTEM

The Satellite Control Center of Deutsche Telekom is composed of

(1) main and emergency control room
(2) the main computers including the Twisted Pair Ethernet Local Area Network (LAN)
(3) the Analysis and Offline System
(4) the Flight Dynamic System (FDS)
(5) the baseband equipment installed in the central building
(6) the antenna buildings for DFS and TV-Sat with RF-equipment and the antennas.
(7) the remote ground stations at DLR sites

The system configuration of the Satellite Control Center is shown in figure 1:
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Figure 1: System overview



COMPUTER SYSTEMS HARDWARE DESIGN AND NETWORKING

The computer system is based on a midsize cluster system and workstations running OpenVMS on
Compaq hardware. The FDS uses hardware from Hewlett Packard. The workstations are used for
processing and display primary real-time data. Figure 2 shows the diagram of the computer systems.

ISDN

 Redundant Central Hub
Station Computer Subsystem / Offline

Backup Control RoomMain Control Room

Baseband ComputersSatellite Simulators

Flight Dynamics Usingen Flight Dynamics Darmstadt

Figure 2. Diagram of computer systems

Data communications links are installed between Telekom SCC, DLR GSOC (German Space
Operation Center) and the DLR Weilheim ground station. Data communications are performed by
ISDN (Integrated Services Digital Network) and leased lines.

BASEBAND EQUIPMENT, RF EQUIPMENT AND ANTENNAS

The old baseband equipment is located in the main station building. The equipment is organized in
chains for the functions of receiving telemetry, sending telecommands and performance of ranging:

(1) Telemetry (TM) Equipment consists of six chains. Each TM-chain is composed of a 70 MHz
Receiver, a PSK-Demodulator, a Bit-Synchronizer, a PCM-Preprocessor and a front-end
processor.

(2) Telecommand (TC) Equipment consists of six chains. Each TC-chain is composed of a front-
end Processor, a TC-Controller, a PSK-Modulator and a 70 MHz Phase Modulator.

(3) Ranging (RNG) Equipment consists of two ranging systems. The ranging systems are
interfaced to the LAN via front-end Processors.

(4) The Time-and Frequency System is based on a rubidium frequency standard .
(5) The front-end Processors (FEP) have several functions: converting, time-tagging and sending

the real-time data from the baseband via the LAN to the main computers and to monitor and
control the devices in the associated chains. The front-end processors are PDP-11 computers
(running RSX 11 M) from DEC.



(6) The two Monitor and Control Processors (MCP) have two functions. First to connect the
equipment inside the antenna building (e.g. ACUs, amplifiers). Second, the MCP collects all
monitoring data from the baseband and sent only new information to the station computer.

(7) The RF equipment is installed in a antenna building. The four high frequency groups include
up-/down-converters, high power amplifiers, low noise amplifiers and ranging converters.

(8) Two  TT&C antennas are used. The antenna sizes are 4.5m and 11m.

PROBLEMS (CHALLENGES)

During the last five years of operating problems increased with spare parts supply. These
complications led to the decision to exchange the old hardware, except RF equipment and antennas.

In a first step in 1996 the entire VAX/VMS computer hardware was replaced by Compaq Alpha/AXP
computers running OpenVMS. In the second step the old baseband equipment was replaced by a
modern COTS solution. Different suppliers from around the world were asked to provide new system
components, e.g. a new baseband system including the overall M&C system.

The cost drivers for the new system were identified:

(1) Not widely known European (ESA) TM, TC and RNG standards  from the early eighties
(2) Interfacing with existing real-time system (e.g. RF equipment) and control center software

which should not be impacted (e.g. TM and TC processing software)
(3) New HMI development

THE NEW SYSTEM

CAM (Gilching, Germany) was selected as main contractor. The new baseband hardware is based on
a COTS solution under Microsoft Windows NT ©  and also the new M&C system is widely based on
a COTS/MOTS solution. The new system, i.e. the exchanged components, are composed of:

(1) three new baseband units
(2) a new switch matrix
(3) a new time and frequency system
(4) two new interface computers to the existing RF equipment
(5) new interface software to the existing real-time system (TM / TC / RNG)
(6) new M&C system with an integrated modern Human Machine Interface (HMI)

The baseband units are COTS products running Windows NT delivered by the main contractor. Two
new PCs were added to control the RF equipment and antennas which all remains unchanged. A new
switch matrix has been integrated -  controlled by the new PCs. As a new time and frequency system
(TFS) a redundant GPS receiver was selected. The time synchronization of all computers was
simplified by a GPS based Network time server.
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Figure 3: The new baseband system

MAINTENANCE ASPECTS

The new hardware has no user serviceable parts. Maintenance and repair activities are reduced to
identify and replace faulty boards and send them to the manufacturer for repairing.

The new highly integrated equipment reduces the number of boxes and the amount of rack space from
seventy single boxes in eight racks to ten boxes in three racks. (single units: TM: 30, TC: 18; RNG:
14; TFS: 4; Control Processors: 4; switch-matrixes: 2).

SOFTWARE DESIGN

The entire operation of the SCC is based on the software installed on various computers. The
software is divided into parts on the main cluster computers (routing, archiving, logging, etc.), parts
on the workstations (TM / TC) and parts on various PCs (HMI, for visualization purposes).

The Cluster Software is the heart of the system. All incoming data are time-tagged, stored and routed
to the other systems. The main operational software provides functionality for TC, RNG, M&C and
data archiving. The workstation software in conjunction with the HMI provides the graphical user
interface. There exist no fixed configuration. If needed, any software (except the HMI, running only
on the PCs) can run on each workstation. In addition a  dedicated workstation is designed as an
emergency system. The aim was to leave the real-time processing software unchanged, i.e. only
modify the interfaces to the new baseband system and to replace the complete M&C system.

THE NEW MONITOR AND CONTROL SYSTEM

The M&C system was replaced completely. The new baseband system, the new TFS, the existing
untouched RF equipment and the monitoring of the entire computer system has been integrated.



Monitoring and Control is performed at the SCC from the control rooms by two operators. The
operators can monitor and control the complete data flow through the system from antenna to the
SCC. The M&C of the ground station is divided into subsystems and devices as follows:

(1) Antennas, antenna control units, High frequency groups (at Usingen and Weilheim)
(2) Switching matrixes
(3) Baseband equipment: Telemetry chains, Telecommand chains, Ranging chains
(4) Time and frequency system
(5) Computer systems

The M&C information is reduced to four different levels:

(1) Level 4: system level referring to the overall ground configuration and status
(2) Level 3: satellite level referring to configuration and
(3) Level 2: chain level referring to subsystem status and function
(4) Level 1: low device level referring to basic parameters and to bits and bytes

These classifications are mapped to the ground station monitoring and control functions. The entire
ground system can be operated using a few mouse-clicks on the graphical Windows NT screens.

ACTUAL PROJECT REQUIREMENTS FOR THE M&C SYSTEM

The following project requirements have to be fulfilled by the M&C system:

(1) Reduce time and costs for implementation; this is an implicit requirement resulting from the
number of deliverable items and the time remaining for the development itself. Also reducing
the costs is an implicit requirement, since space mission budgets are constantly decreasing.

(2) Increase the functionality; since the cost for resources (memory and CPU power) did decrease
nearly daily it should not be a problem to integrate also resource intensive functionality into
the systems such as parameter history, trend limits, direct replay of telemetry etc..

(3) Make use of proven software, i.e. to avoid as far as possible the development of new project
specific software components.

(4) Modern Human-Machine-Interfacing including line- and symbol plots for representation the
current state of the monitored / controlled domain also in a graphical manner.

(5) Quick and easy configuration by the users themselves; this point reflects not only the
implementation of derived parameters and the (re-)definition of complex structured data
packets but also modification of the display views.

(6) TM, TC and M&C shall be used in identical manner. This is a logical consequence, since
processing of monitor data is nearly the same as processing telemetry data and the generation /
transmission of control information to the ground station is also nearly the same as
commanding a space craft with the exception that “keep alive messaging” is in general not
necessary for M&C systems.



FRAMTEC

The monitor and control software is based on a COTS product named FRAMTEC (Framework for
Advanced Monitoring, Telemetry and Control). This software is also used by different agencies such
as DLR Oberpaffenhofen, Germany and EUMETSAT Darmstadt, Germany.

FRAMTEC was selected due to the high flexibility of the decommutation and the parameter
processing rules. Another reason was that all interfaces to other components within the Telekom SCC
environment have been available.

FRAMTEC is a kernel system for processing telemetry and monitoring data and for generation of
control information, e.g. for the configuration of the baseband units. This tool was developed between
CAM and DLR (Deutsche Forschungsanstalt für Luft- und Raumfahrt) which is a Joint Venture
partner with Deutsche Telekom.. The development based on the experience gained in a wide range of
commercial, scientific and manned space missions.

The basic idea of FRAMTEC is that the user can configure applications easily and fully almost
without software modifications. The processing rules of the parameters and the layout of the data
packets are described within the process database. Even the recognition of incoming data packets can
be handled within the process database.

The standard processing of parameters can be defined in a straight forward manner: A wide range of
standard process functions for bit/byte extraction, transformation into the engineering unit, limit
checking, adaptive processing, event generation, etc. are available.

The handling of special processing, e.g. processing of derived parameters, is simple using the
integrated interpreter functionality: a C/C++ like source code is written directly into the process
database. This code is semi compiled during the database load operation and executed in real-time by
the integrated virtual machine. Additionally user hooks are available to link user-written functions
directly to the application – if necessary.

For the definition and handling the data packets complete functionality is available, such as for
processing fixed positions or processing multiplexed positions with reference to multiplexer tables.
The definition of sub-frames is supported to avoid multiple definition of the same parts of data
packets or to interpret the contents of an incoming data packet or part of it dynamically according to
the values and states of other parameters.

Control packets to be transmitted as configuration information are specified within the process
database in a similar manner. Functionality for administrations of control packets (modifying, sending,
loading form disk, saving to disk) is supported. The transmission of control packets is performed on
operator request or also after detection of specific events.

This flexibility allows the definition of vehicle and equipment independent decommutation and
parameter processing rules in a quick and comfortable manner.  The representation of parameter



values as well as the modification and transmission of control information is performed using a
modern, Windows-based,  human-machine-interface (HMI).

COMPONENTS OF FRAMTEC

As can be seen by the name “framework”, FRAMTEC consists not only of a single program
performing the related operations but it consists of multiple components / products working together
to satisfy all the relevant requirements in a modern, comfortable and safe manner. The figure below
shows the relationships between these components. Figure 4 shows the FRAMTEC components:
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Figure 4: Components of FRAMTEC

The process database contains all information about the processing information as well as the
information about control packets structures. The process database is maintained by the FRAMTEC
Data Base Editor (FDBE) and loaded into the processing facility during the startup phase. This tool
(FDBE) is based on the commercial product MS ACCESS © .

Before loading a new or modified process database into an operational system, it is essential to
perform various checks and analyzes to detect any faults.

The processing facility is the on-line kernel of FRAMTEC – received monitor data packets are
identified and related to the description within the process database processed, i.e. the parameter
information - originally a sequence of bits - is gained, converted into engineering units (volts,
temperatures, etc.) and made visible to the operator using the integrated HMI. Inputs given by the
operator are processed and the appropriate action is performed; this includes also the modification /
construction of control information and sending them to the equipment to be controlled.
In many projects appropriate M&C systems have to be configured without direct connection to the
related hardware facilities because they are not yet available or otherwise in use, i.e. there are only
limited possibilities to perform any tests with the original equipment. For this reason a test-data can be
replayed or generated to perform tests previous to connect to the operational equipment. The usage
of this tool reduces the time necessary for integration and test with the original equipment.



The modern Windows-based HMI (in multiple instances) is used to provide display information (in
alphanumerical and also in graphical manner) to the operating personnel and to receive inputs to
configure the system. Due to access to the archive, it is possible to show data of the latest history, e.g.
in form of line-plots, even if the HMI was currently started.  The definition of the display masks is not
part of the application. The views can be configured without modifying the software by the user itself.
Since the HMI is connected to the processing facility using the TCP/IP protocol, M&C can be
performed not only on-site, but also from any other place, e.g. from the home office.

MONITORING AND CONTROL PHILOSOPHY

The ground segment display formats represent the ground station in a hierarchical structure.

Figure 4. Typical display “system overview” (in emergency state)

The status of any system, subsystem or device is represented by color coded graphical symbols:

(1) Green: fully operational
(2) Yellow: soft-limits reached, but still operational
(3) Red: hard-limits reached , not operational
(4) Orange: device is switched to local or a task of a computer is crashed
(5) Blue: communication alert

This representation allows the operator or subsystem engineer to select the desired information from
top to bottom or vice versa. The higher level monitoring display formats contain all relevant



information, the lower level display formats show the details. The monitoring display formats are
driven by the referenced monitoring parameters and derived parameters according to the display
format descriptions. The following figures show  typical ground station system monitoring screens.

REENGINEERING ASPECTS

Due to the fact, that the complete integration and testing has to be performed during normal operation
of the existing satellites – without disturbing these operations (as far as possible) – the project has
been structured in various phases:

(1) Integration of TM and TC processing using the existing S/C specific software components as
far as possible – only the interfaces to the baseband equipment have been changed

(2) Integration of the new PCs controlling the unchanged RF equipment (e.g. ACUs)
(3) Integration of the new time and frequency system
(4) Integration of the new overall M&C system

One main restriction was, that it must be always possible to switch back to the old system in case of
any anomalies to continue the operation of the spacecrafts in a save manner. This was achieved by:

(1) Joint testing the single components – ever under the premises to reduce the impacts for the
normal S/C operations, i.e. test could only be performed during restricted time intervals, after
an exactly planning of these test and successfully performed “pretests”.

(2) The switching of telemetry and telecommand processing was achieved by patching a few
cables in the main building

(3) The integration of the both PCs controlling the RF equipment was more complicated: The
existing RF equipment is controlled via an IEC bus and only one controller can act as master
at a time. For this reason specific switches had been integrated into the system, to switch the
four IEC busses from the old to the new system and vice versa.

Using this mechanism it was always possible to switch between the new and the old environment and
to operate the S/C in safe manner.

As already mentioned, the handover of the parts of the new system has been performed in single
phases and each one after intensive testing the new components. A great advantage was that all the
tests concerning any operational behavior have been performed together by both parties.

Due to the high flexibility of FRAMTEC and the easy manner to modify the behavior of the
processing and generation of control information this projects could be completed successfully.

CONCLUSION

The reengineering process showed full success. During the project it was shown that FRAMTEC was
able to fulfill the requirements. The hardware was delivered in late September 2000. The acceptance
test was successful performed in March 2001. The use of a COTS product reduced substantially the
project development time.



FRAMTEC offers a wide flexibility not only for space related missions but also for nearly every
application which needs high performance parameter processing without writing new code for any
new application.
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ABSTRACT

The technicalities of sharing telemetry bandwidth have been addressed in design and specification for
the builders of the International Space Station.

But success in sharing bandwidth comes from building relationships, documenting guidelines,
negotiating, understanding human nature, peer review and willingness to participate in an evolving
process.

The station, 240 miles above Earth, moves through space at 17,000 mph, has its mass added to by
humans and machines, regularly docks with visiting spacecraft, has year-round residents, and
communicates with space agencies around the globe.

Each new module -- with associated computers, multiplexers, and communications buses -- creates
additional telemetry demands.
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THE ART OF INTERNATIONAL SPACE STATION TELEMETRY BANDWIDTH
MANAGEMENT

How data flows from the International Space Station to ground. Fully assembled, the international
Space Station will house thousands of sensors and mechanical devices that feed telemetry data to
hundreds of multiplexing computers. The computers transmit the data to the resident crew and to ground
control in Houston. Vehicle operation is a coalition of humans, software and machines.

Before assembly is complete, the act of constructing the station requires systematic reconfiguration of
telemetry assets to meet the objectives of each flight. Each new module -- with associated computers,
multiplexers/demultiplexers (MDMs), and communications buses -- creates additional telemetry
demands.



This paper covers ted telemetry requirements associated with the various subsystems, such as electrical
power and environmental systems, that oversee the health and well being of the station. Data that
supports robotics activities is included, but payload data and audio/video downlinks are not.

A hierarchical architecture, shown at left, insures that data flows up from Tier 3, through Tier 2, and
finally to the Tier 1 communications and control processor. The architecture is based on Mil-Std-1553B
protocols. When data reaches the top tier, it is transmitted to the crew’s portable computer system and to
the ground in recurring cycles via satellite network.

The 1553B protocol dictates that only one processor on a bus is the controller; other processors are
treated as remote terminals. Bus controllers can simultaneously serve as remote terminals on a second
bus.

Bus controllers request data from remote terminals and maintain timing by broadcasting synchronization
signals 10 times a second. Data for downlink is collected from remote terminals at 0.1 Hz, 1.0 Hz or 10
Hz, depending on the nature of the data.

Physical layout. When computers are connected to more than one 15 53B bus, (which can serve one or
more modules of the space station), the tiered architecture is not obvious. The abbreviated example at
right shows data collected, via a user bus, from a sensor by a computer located in the initial truss, which
acts as a junction for 11 other trusses. Processor Truss transmits the data to processor EXT1 via a local
bus, which then transmits it to the Tier I processor C&C (command and control) in the Lab module via a
control bus. Processors INT and LAB do not participate in this transaction.

Downlink options. Flight controllers, who are specialists in specific subsystems, choose the data that
the ground control will be able to view. The following downlink options and their varied technical attri-
butes help clarify both expected and contingency operations.



Station-to-ground via S-band, called the SC telemetry format, is the preferred format for recurring data
that is closely monitored. It is utilized when the station has line of sight to TDRSS satellites,
approximately 60-70 minutes, of every 90-minute revolution. This format has three packets; each
designated to carry different types of operational data.

Additional formats, designated for other downlinks, are populated with data appropriate for each
format’s operational concept. These formats carry smaller amounts of data than the SC formats and may
have slower transmission rates; consequently, flight controllers must use operational discretion in
selecting data.



For example, the station-through-shuttle-communications-systems-to-ground (C format) downlink
can be used when the station’s S-band is not available but the shuttle is docked to the station. A station-
to-ground via the Russian service module (SM format) link can be implemented when specific, pre-
defined conditions are encountered. The station-to-approaching/ departing/ docking shuttle (UH for-
mat) downlink carries data for close operations of the two vehicles. Mighty Mouse, a format associated
with an earlier communications computer, is available if the multiple redundancies of its successor
controllers fail. Mighty Mouse can be carried on a bus reconnected to Station S-band or jumpered to
Shuttle S-band if the shuttle is present. In addition, data stored in on-board computers can be dumped to
ground in packets or file transfers that have pre-emption relationships with the other packets that utilize
the S-band link.

Flight controllers and data integration teams must work together to get appropriate data into each format
for each assembly flight.

Assembling the station in space affects available telemetry bandwidth. The act of adding modules
increases the likelihood a telemetry format will become over-subscribed, that more data will be selected
for downlink than the bandwidth can accommodate. Each new segment increases vehicle complexity
and brings new equipment and software that mission control must monitor. Unfortunately, the available
bandwidth does not increase simultaneously. The need for data associated with earlier deliveries may be
reduced as confidence and experience increase, but it does not evaporate.

Station components are designed and engineered in over a dozen countries, including the United States,
Russia, Canada, Japan, Italy, Brazil and several European countries. Each national space agency desires
telemetry data about its contribution to the station. Flight controllers and data integrators at Johnson
Space Center coordinate international partners’ data requirements within the boundaries of the telemetry
operational concepts and governing State Department protocols.

Assembly operations have very large, real-time telemetry-intensive requirements. For example, common
berthing mechanisms provide airtight coupling between modules. Each mechanism has controllers,
power bolts, latches, actuators, and ready-to-attach indicators that produce essential data when two
modules are being connected. Even after the berthing operation is complete and the demand for real-
time data is lessened for these devices, ground controllers periodically need telemetry data that reflects
the status of the connection devices.

Robotic construction devices, such as the Mobile Transporter that provides mobility between work sites
on the trusses and moves payloads across the station, produce large amounts of data for on-
boardoperators and mission control. They are monitored even when not in operation to make sure there
is no unplanned, inadvertent motion.

New on-orbit equipment residing within a module, such as a battery or an assembly of valves, is
accompanied by a demand for data about it. Activation and checkout data confirms that a device works
as expected in all the situations it may encounter. As operational confidence and experience build, the
demand for data about the device during typical subsequent operations is reduced but not eliminated.

The flight controller specialists who manage and monitor each subsystem need data unique to their
particular disciplines. No subsystem has the luxury of owning a format for its exclusive use. With exper-
ience, the amount of data about previously installed equipment can be re-examined and perhaps reduced.

But the continuing reality is that downlinked bandwidth is shared by multiple users.



A Few Assembly Sequences

Pre-flight data production. Data integration occurs in pre-flight production cycles. The developers of
new products for the station - which could be hardware, software or firmware -- provide computer files
that identify all potential telemetry data that could be collected about their products. From that universe
of potential telemetry, flight controllers select the data they need to accomplish their part of each
assembly flight. The engineering community reviews the selections and recommends appropriate
changes.

One example is the application software that controls the thermal control system, which maintains Space
Station equipment and payloads within their required temperature ranges. The thermal control system
has components inside and outside the vehicle.

To monitor external equipment, which includes motorized valve assemblies, flight controllers may
choose to include the switch status of external valve modules in the telemetry downlink. In contrast, they
could choose to rely on temperature data from the same area of the vehicle and infer the switch status of
the assemblies. When necessary, they can command a specific assembly switch to a specific state.

Data production cycles. From the point of view of operations personnel, a typical production cycle runs
about four weeks. The work to be accomplished during the cycle is defined by the software maturity
levels of key computer software and the objectives of the assembly sequences.

During the cycle, station flight controllers customize telemetry data for use in mission control, based on
their understanding of the product, the station and operational objectives.

Reducing data in the downlink. When telemetry formats are oversubscribed, a scrub goes into effect to
reduce the data selected for cyclic downlink. This process involves both methodology and face -to-face
negotiation with flight controllers; details are in the final section of this paper.

Data integration. Teams of specialists examine the results of the flight controllers’ production cycle
work to identify and correct any problems. Data specialists examine the data from a pure database point
of view: “Does each field  have the correct number of characters?” “Are they in the correct order?”

Assembly sequence specialists look at the work from a specific flight point of view: “Does the data
support pre-flight hardware, software and integration testing?” “During flight, can the operational
objectives be met?”



Data Integration Production Cycle
Any problems uncovered are documented, researched and
submitted to a succession of boards, who determine if the
problem should be corrected immediately or if a workaround
is appropriate.

The data files are then available to testing organizations,
international partners, and mission control.

Start the scrub before the telemetry data is selected.
Downlinking only the data that flight controllers need, and
no more, can cause hard feelings and product rework if data
is reduced at a point in flight preparation when
reconsideration cannot be accommodated. To avoid that
scenario, several pre-data integration steps are taken.

Develop generic guidelines. Independent of specific flight
objectives, generic guidelines based on link-to-ground,
preemption relationships and word rates tell flight
controllers where broad categories of data should be placed
for downlink. These guidelines apply to all flights.

The preferred format (SC) consists of three packets, each
with 1.0 Hz and 0.1 Hz word rate capabilities. Based on the
packets’ pre-emptive relationship with each other as well as
other contingency packets, generic guidelines define the
general characteristics of the data designated for each
packet. After the appropriate packet is selected, a second
guideline defines the characteristics of data selected for
specific word rates.

Following the generic guidelines produces these results: essential health-of-the-station data is placed in a
packet that cannot be preempted by any other packet. Within that essential packet, dynamic status infor-
mation about the on-board processors is downlinked at 1.0 Hz. Data that is relatively more static,
perhaps produced by analog sensors, has a specified 0.1 Hz rate.

A second packet, which may be temporarily preempted in specific situations, is the designated packet
for activation and check out of new equipment, a planned event. The same word rate guideline that
distinguishes between dynamic and static data applies to this packet.

The remaining packet in the format has yet a third set of operational guidelines.

Review the operational objectives of each relevant ISS assembly sequence. The right-hand image on
the previous page shows the centrifuge accommodation module added to the vehicle in assembly
sequence UF7, scheduled five years into the future from the time this paper was written. If data for the
module was selected in formats serving the earlier flight 8A, it would take up valuable room in the
downlink but be of no use to flight controllers. Consequently, analysts assigned to each assembly
sequence examine the data selected for downlink for relevance to the goals of each flight. Irrelevant data
is deleted.



Publish an operational concept for each telemetry format. The act of selecting ISS subsystem data
for downlink via a particular telemetry format determines the communications path that carries the data
to ground and the rate at which it is transmitted. It also determines when data is available in the MCC-H,
when data can be interrupted and when it can interrupt.

Each ISS assembly flight has four assigned telemetry formats. Three provide information about the
health of on-orbit subsystems. A fourth carries data between the station and the shuttle. Each format has
different data-carrying capabilities and is used in different operational scenarios.

In addition, there are specific operational scenarios that initiate the use of contingency packets that may
use the same physical downlinks and therefore have an effect on the assigned formats. Clarifying a
format’s operational concept changes the data selected for downlink.

For example, the chart to the right shows how the
number of words selected by flight controllers
responsible for vehicle communications and
tracking (CNT) changed. The dark bar shows the
number of data words they selected when the
format was characterized as a general back-up
format. The lighter bar shows the number selected
when the format was designated for use as an
S-band recovery format.

Coordinate with International Partners. NASA
meets regularly with international partners to
develop telemetry format strategies for their data.
Station modules provided by Nippon Aeronautical and Space Development Agency (NASDA) have
their own computer network that interfaces to the 1553 bus network to downlink telemetry data. Using
documented generic guidelines and operational concepts, NASDA data specialists were able to
appropriately assign thousands of individual signals to specific packets and word rates two years before
their modules will be added to the station.

Analyze the bandwidth. Bandwidth is managed in 16-bit words. The carrying capacity of a downlink
determines the number of words that can be placed in a format. Reviewing the number of data words in
each format takes place in multiple steps. First, a bandwidth analysis report calculates the percentage
utilization of each packet in each format. The excerpt below shows the percentage utilization of 1.0 Hz
words in the Essential Packet in the fonnat called 10SC. This report identifies packets that are over-
subscribed; the packet shown is 89% full. More data could be downlinked in this packet if necessary.



For oversubscribed formats, a more detailed report, showing every data word selected for downlink, ac-
companied by its ops name, is produced. The sample below shows four signals that are part of a single
data word with their operations names. The signals shown belong to the data handling discipline and are
downlinked to ground when flight controllers are setting up a memory dump of the multiplexing com-
puter in the airlock. Analysts use this report, which may contain more than 60,000 line items, to identify
data words that are candidates for a lower transmission rate or perhaps deletion.

The multiple-bus, tiered architecture described on page I determines the rate at which data is acquired
from processors served by the network. This may cause flight controllers to inadvertently select a trans-
mission rate for downlinked data that is faster than it collected. A third, computer-augmented step in re-
ducing wasted bandwidth compares the on-board acquisition rate of each processor with the downlinked
transmission rate selected by humans. Data words are moved to lower-rate packets as appropriate.

Reduce wasted bandwidth. Proper packing of words by product designers conserves bandwidth. Im-
proper packing wastes bandwidth.

Placing signals required for downlink with signals not required for downlink in the same word is poor
word packing. For example, of the four signals in a 16-bit word like the report example shown above,
the responsible flight controllers could deem only one signal should be included in cyclic data about the
vehicle. But all the signals in the word will be downlinked in order get the one required signal, even if
all are not used.

Another form of improper word packing includes placing a single, one-bit signal in a 16-bit word,
wasting 15 bits of bandwidth.

Word packing should be accomplished with an understanding of the end-user’s operational objectives
and constraints.

Use operational analysis to reveal inappropriately downlinked data. Some subsystems do not
function in a manner that supports downlinking data about them in a recurring packet. For example,
ground control can utilize data produced by accelerometers and strain gages for insight into the station’s
structural response during dynamic events, such as shuttle docking/ undocking. But, the data is only
available via a data dump from the processor that controls the subsystem; it is impossible to gather the
information in real-time, cyclic data.

Provide meaningful names. The meaning of data words should be self-evident. Thoughtful naming
distinguishes one data item from a multitude of similar data items. An example is a bit called
“multiplexer/ demultiplexer self-diagnostic bit.” On the surface, it appears to be an item that could be
scrubbed if its format were oversubscribed. Further investigation, however, revealed that the bit, when
set, indicates that a processor is totally unavailable to do its assigned tasks because it is diagnosing its
own processing problems, very important information for the crew and to mission control.

Communicate regularly. The constraints of bandwidth management may be technological, but the
solutions lie in uniquely human endeavors. Clear communication of expectations is mandatory. Flight



controllers and data specialists meet regularly on telemetry issues, including production cycle kick-off
meetings, weekly update meetings, and special scrub meetings about oversubscribed formats.

Stakeholder participation in operational concept development and implementation encourages owner-
ship of the of the bandwidth management problem. When all parties participate, the chances of success
are increased and the quality of long-term solutions is improved.

For partners not co-located, regular technical exchange meetings and teleconferences are both necessary
to maintain good communication. Cultural differences, which can exist within a single organization as
well as separate countries, are barriers to clear communication. National languages, time zones, multi-
partner coordination complicate working relationships. To overcome differences in language and expec-
tations, the goal should be solid working relationships at the lowest practical organizational level.

Establish a checklist. Flight controllers are the acknowledged experts in their disciplines. But data
specialists, in the interest of effective bandwidth management, ask hard questions of the flight
controllers. A useful tool is a repeatable, rigorous, published checklist of questions to aid in the stan-
dardization of telemetry selections for specific formats. Some examples:

“What would you do differently if you got the data 10 seconds later?”
“What would you do if you got the data in a large data dump rather than cyclically?”
“What would you do if you didn’t get the data at all?”

Both parties in the negotiations appreciate human nature as well as the constraints of their respective
jobs. Flight controllers understand the pressure to treat bandwidth as a precious resource. And data
specialists understand that lack of experience with a subsystem component breeds a temporary desire for
more data about it.

Cultivate teamwork. The organization that manages ISS telemetry bandwidth intentionally has team in
its name: International Space Station Command and Telemetry Team (ICATT). The organization has a
logo that includes the flags of the international partners. The logo is distributed freely among the
international partners to further encourage identification with the ICATT organization.

Managing the production of commands and telemetry on this scale cannot be accomplished via
directives from a single source of authority. Rather, successful methodologies are communicated and
implemented horizontally. Flexibility is the watchword. Meeting operational objectives is only possible
in an environment that seeks and values the experience and observations of all members.



Conclusion. Effective bandwidth management for multiple users of the international space station is an
evolving process influenced by technology, international events and a growing track record. Success
depends on many factors, including:

• guidelines for placing data in the appropriate packet at the appropriate speed.
• clearly documented operational concepts for telemetry formats.
• useful tools for analysis of bandwidth both quantitatively and operationally.
• documented processes for resolving data acquisition issues.
• willingness to ask experts fundamental questions about their areas of expertise.
• teamwork from all participants.

Glossary

x (page 3) represents a numerical designation that is part of each format’s name

Truss, EXT1, C&C, abbreviated names of processors on the station
INT, LAB (page 2)

scrub (pages 5, 6, 8) [Slang] to cancel, abandon; or drop
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ABSTRACT

For every space mission, there are challenges with the launch site/field operations process that are
addressed too late in the development cycle. This potentially causes schedule delays, cost overruns,
and adds risk to the mission success. This paper will discuss how a single interface, representing the
payload at the launch site in all phases of development, will mitigate risk, and minimize or even
alleviate potential problems later on.

Experience has shown that a single interface between the project and the launch site allows for issues
to be worked in a timely manner and bridges the gap between two diverse cultures.

KEY WORDS

Launch Site Operations, Payload Operations

INTRODUCTION

Spacecraft project management personnel are very knowledgeable about every phase of spacecraft
design and operation except launch site operations and the associated time schedule. Management
either assumes the support at the various launch sites already exists or was possibly implemented
from a previous mission. On previous programs, launch site operations were not given much thought
or attention until it was near the time to take the spacecraft to the launch site. Existing launch site
resources and capabilities were frequently overestimated. Nearly every project erroneously assumes
that they are either the only project or the most important project that the launch site is supporting.
Typically a project attempts to define the launch site requirements and implementation with a variety
of “part-time” and/or already “work overloaded” engineers. This results in additional responsibilities
for the Integration and Test Manager, Lead Systems Engineer or a combination of the two. The
project reasons that this “part time” effort will meet the needs of the launch site personnel. But to the
contrary, history has shown this method is not efficient. These engineers are extremely focused on
getting the spacecraft and its subsystems designed, built, integrated, functioning, and tested (as they
should be). The immediate demands of spacecraft assembly, integration, and test logically take
precedence over later-needed launch site planning. The launch site operations planning tends to take
a “back seat” until some time is freed up, which is usually very late in the spacecraft processing
schedule. Often, the project work on the launch site details is sporadic, thus creating a situation
where requirements may be lost or misinterpreted.

By comparison, the launch site support team has a proven structure in place, with a single point of
contact. A defined area of responsibility exists in both the launch vehicle processing facilities (VPF)
and the payload launch site payload processing facilities (PPF). The launch site management assigns
a single interface to work with the project early in the definition phase. This interface has a pre-
determined schedule (Figure 1) that must be adhered to if the project expects to launch on the agreed
upon date. With a single interface on one side, and multiple interfaces on the other, several problems
can and do occur, as discussed below.



Figure 1.  Typical Launch Operations Timeline

WHAT WERE THE RISKS ASSOCIATED?

The recognition of launch site operations as a “part-time” job may breed “loose requirements.” In
many cases the requirements are not defined at all. Important details are often overlooked or missed
entirely. Implementing new and changing requirements in a timely manner is often difficult, labor
intensive, and incurs schedule risk. Lack of coordination between the many project system leads
(internal and external) who have been assigned to work the launch site requirements soon becomes
evident.

There are three major problems expressed by launch site management that affect each and every
program that is launched.

Identification of GSE Interfaces

Spacecraft Ground Support Equipment (GSE) electrical and physical interfaces (i.e. power or data
connections) must be addressed in a timely manner. Too often, these interfaces are not clearly
defined prior to spacecraft arrival at the launch site, thus creating a crisis in an attempt to minimize
impacts to the schedule. In most instances, these situations could have been avoided with a single
project interface.
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Identification of Communication Requirements

Spacecraft communication (voice and data) requirements are frequently late arriving and incomplete.
Implementation of some of the requirements could take weeks or even months to define, negotiate
and finally put into operation. This may depend on the complexity of the design, or the involvement
of the many agencies that are called upon to support the requirement.

Too Many Points of Contact (Interfaces)

Having too many points of contact typically leads to conflicting direction from separate project
personnel to the launch site personnel. This causes confusion and extra effort on the part of launch
site support personnel (basically what is deemed the “left hand/right hand syndrome”).

Minimizing delays in getting the spacecraft GSE configured and operational is critical to
maintaining the schedule. Schedule slack is a precious commodity and becomes extremely
important, as the launch date approaches. Reducing the points of contact to a  single interface
substantially mitigates launch site schedule risks, issues and concerns.

THE PREVIOUS METHOD WAS MORE CUMBERSOME

The receipt of late or incomplete requirements makes it extremely difficult for the launch site
personnel to properly prepare for project arrival. Receiving missed or late requirements in “real-
time” caused frustration, processing delays and created emergency situations. Additional funds were
necessary to implement these requirements because they were now elevated to an “emergency”
categorization. In some cases, substantial “lead-time” was required to procure some of the items and
just could not be implemented in a timely manner. This caused undesirable work-arounds such as
having to hardwire critical spacecraft GSE directly into power panels until the appropriate hardware
could be procured, if at all. In many instances, resulting processing delays were simply unavoidable.
Additionally, confusion factors occurred as a result of having too many people involved in the
process. “I thought you took care of that” was a phrase heard too many times. Additional risk was
introduced because the project personnel did not fully understand the culture, nor the launch site
facility capabilities. Existing capabilities of the launch site were assumed and found to not be
available when required.

Lack of a single project interface while processing at the launch site quickly became obvious.
Project personnel were just stating many of their requirements for the first time. Interfaces between
the project GSE and facility panels did not match. Requirements creep began to surface. Not that this
was done intentionally; the requestors were not informed or up-to-date on what had been agreed
upon in the Ground Operation Working Group (GOWG) meetings and what was specified in the
launch site documentation.

The following illustrates how late requirements were received and how it impacted the team at the
launch site:

• The first “new” request was cheerfully received and implemented.



• The second request was received a little less enthusiastically as they were still working the
first request.

• The third request was also accommodated, although frustration began to emerge.
• The fourth request showed a few signs of irritation.
• The fifth request and on promoted new meetings to “renegotiate” the requirements not found

in the documentation.

Historically it has been proven, too many interfaces, too late in program has resulted in not a good
way of doing business.

THE “NEW” PROCESS

A “full-time” Launch Site Operations Manager (LSOM) position was created on the Small Explorers
(SMEX) program. The LSOM was recognized as the project/payload representative at the launch
site, and was there to protect the project’s best interests and requirements. This position was clearly
defined as the single point of contact between all of the project personnel (Figure 2) and the launch
site personnel from project inception through post-launch. The LSOM was the single point of
contact for interfacing all payload requirements to the launch site personnel. It was understood by
the launch site personnel that the payload (project) requirements would come solely from the LSOM.
The LSOM was then responsible for identifying the project requirements through various means,
including attending and/or representing the project at the Ground Operation Working Group
meetings, interfacing with the launch site support entities and completing the proper documentation
that each supporting entity required. Further responsibility included assisting in the engineering,
implementation and testing of the project requirements at the launch site. The LSOM was to insure a
“turn-key” operation would be in place prior to the projects arrival.

Figure2.  Launch Site/Payload Interfaces
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ADVANTAGES OF THE “NEW” PROCESS

The LSOM is designated as the project/payload representative for the launch site requirements.  The
LSOM is there to protect the project’s best interests. Knowing who to talk to, what to say, and what
to ask for is crucial in saving time, money and resources. The LSOM ensures that day-to-day issues
are resolved to the satisfaction of both parties (project and launch site). In addition, the LSOM is
continuously planning for the upcoming project activities to ensure that little or no impact to the
operations exists.  Pre-coordination and scheduling replacement of consumable resources ensures the
smooth continuation of the payload processing and operations.

Having a dedicated individual to facilitate the launch site operations optimally defines a single point
of contact between the payload and launch site personnel. A rapport is developed through the
requirements definition period and further enhanced in the field with the launch site personnel.
Working with the payload personnel, the LSOM is dedicated to defining and ensuring correct
implementation of the launch site requirements for the project. This allows for a smooth payload
transition to the launch site processing facility. Using individuals that have previously performed this
function further enhances the single interface concept.

Follow-on SMEX payloads benefited from this single interface at the launch site. By knowing ahead
of time what the project requirements were going to be, the LSOM was able to save precious time
and project funds by leaving equipment in place that was implemented for previous programs (i.e.
cables left in place, A/C units, communications lines, etc.). This approach also reduced risk in the
field, by having pre-qualified equipment and tested interfaces already in place prior to arrival of the
next user.

Pre-coordinated office, facility and communication layouts saved significant time and enhanced the
productivity of the project upon arrival at the launch site. The goal was, and still is, to have a turn-
key operation from the beginning.

Quick resolution of anomalies/conflicts was easily achieved by the LSOM. This was attributed to the
experience of knowing what the launch site facilities could or could not accommodate. This was
particularly evident in an emergency situation. A major spacecraft project was moved from one
payload processing facility to another to avoid a potential flooding situation. From flood alert until
the spacecraft was secure in a facility on high ground took less than 6 hours and a multitude of
diverse organizations working together. The LSOM and the close working network the LSOM had
formed was key in executing this large effort in a timely manner.

If the launch site was unable to accommodate a request, then the LSOM would contact outside
sources to meet the need, often well in advance of the need.

LESSONS LEARNED

A dedicated point of contact representing the payload has been the greatest single improvement in
getting the project through the entire maze of field operations toward a successful launch. It is
essential that the single interface attend all meetings in the field, and builds a trust and credibility



with the launch site personnel. This not only improves communication between the project and
launch site, but builds a relationship that is invaluable to this project and also future projects the
LSOM may work on.

CONCLUSIONS

A single point of contact to interface with the launch site has proven to be a significant improvement
over the old way of “part time” launch site engineering. Eliminating the extra responsibilities from
these “work overloaded” engineers ensures a compatible processing schedule between both the
project and the launch site. Requirements are submitted in a timely manner, thereby ensuring an
efficient, cost effective implementation. By having this single interface, the project is able to focus
on its primary function of building, testing and preparing the spacecraft for launch. The LSOM takes
on those responsibilities for the project; attending meetings, working any issues, and ensuring the
procurement of all of the necessary resources to fulfill the levied requirements. This method of
operation has proven to be the most effective mechanism for achieving success, managing the
complex field operations, minimizing costly slips, and keeping morale high during the on-site
operations.
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ABSTRACT

This student paper was produced as part of the team design competition in the University of Arizona
course ECE 485, Radiowaves and Telemetry.  It describes a telemetering system design
recommendation for a small satellite capable of conducting scientific research regarding atmospheric
water content. This paper focuses on the cross-link subsystem required to make the scientific
measurements and on the power generation and distribution subsystem for the satellite.  A
companion paper (Cramer, et. al.) focuses on the subsystems required to send the scientific data and
monitored operational conditions from the satellite to, and commands to the satellite from, a ground
station.
The central objective is to validate a new technique for precisely measuring water vapor profiles of
clouds throughout the troposphere. This method involves the detection of 4 SHF tones sent out from
the International Space Station (ISS), providing high-resolution amplitude and phase delay data.
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INTRODUCTION

The University of Arizona SSP has been developing a microsatellite for three years (Hammond, et.
al). Although the satellite was originally intended to carry lightning and sprite sensors, the satellite
could be modified to carry the Crosslink Active Tropospheric Sounder (CATS).  CATS is an
experimental technique to acquire precise tropospheric profiles of water vapor and cloud liquid
water.



The CATS technique uses radio cross-links between two low-orbiting vehicles, the International
Space Station (ISS) and the University of Arizona Satellite (UASat). These radio cross-links pass
through the atmosphere with a measurable absorption.  By analyzing the signal after it has passed
through the atmosphere, the water vapor profile can then be found.  There are several CATS system
goals.  The moisture sensor must be built and flown by modifying previous models to space
applications.  The UASat must also be modified to carry the sensor and other related sensors such as
GPS, navigation and timing sensors. Also, UASat must be modified for a flight of up to a year in
duration, as CATS requires a year to develop a water vapor profile.   Other goals are to generate
moisture profiles and develop retrieval algorithms and software (Herman).  This paper focuses on
the cross-link subsystem required to make the scientific measurements, and on the power generation
and distribution subsystem for the satellite.

SCIENCE DATA

In accordance with the CATS objective the science team requires a method to utilize four SHF tones
(9.8, 13.6, 17.3, and 22.6 GHz) to develop water vapor profiles of earth’s atmosphere. The four tones
will be transmitted from the International Space Station (ISS). The objective of the science team is to
receive these four signals and be able to provide high-resolution amplitude and phase data to the
ground station. From the received amplitude and phase data the ground station will be able to
generate profiles of atmospheric water vapor, refractivity, pressure, temperature, and other related
quantities.

Figure 1: Science Receiver Functional Diagram



The detection method begins with UASAT receiving the four transmitted signals from ISS. The
receiving antenna and the signal conditioning is explained in the transmit and receive section of this
paper. Amplitude and phase data will need to be multiplexed and digitized for transmission to the
ground station. To accomplish this task the four high frequency signals must first be down converted
to a low enough frequency, such that present A/D converters can reasonably maintain the conversion
rate. Figure 1 shows a functional block diagram of the science receiver.

As shown in Figure 1 signal conditioning is also required after the mixer. Band pass filtering is used
to remove any product harmonic signals that will be generated from the mixer.

Requirements
Oscillator
This instrument is required to provide a stable high frequency output that will be used to down
convert the four science data signals. The chosen oscillator must also be able to provide an output
power level high enough to drive the LO port of a mixer. The required frequency range and power
level of the oscillator are 9-23 GHz and 8-18 dBm.

Mixer
This instrument is required to down convert the four input frequencies. The mixer shall be capable of
RF and LO frequency range of 9-23 GHz.

Amplifier
This instrument is required to compensate for the conversion loss of the mixer. The gain should be 5-
15 dB.

Band Pass Filter
This device is required to remove any product harmonic signals that will be generated from the
mixer. Four band pass filters will be required for the receiver. Each filter will have a different center
frequency. The required center frequencies are 5, 15, 25, and 35 KHz. Each filter shall have a pass
band of 6 KHz.

Multiplexing A/D converter
This instrument is required to multiplex and digitize the down converted analog signal. The
converter must have the capability to multiplex at least four channels.

Recommendations
Oscillator
For this application an oscillator-multiplier was chosen from Communication Techniques Inc. This
device is a high-Q mechanically tunable cavity oscillator that uses a multiplier to achieve the higher
frequencies. The oscillator-multipliers have an output power range of 5mW – 500mW.
Communication Techniques Inc will customer configure the unit, thus special model numbers will
be issued. For the task of down converting the four signals we will need four separate oscillator-
multiplier combinations. Below is a table listing the required frequencies and output power.



Required Frequency (GHz) Required Power
Output (dBm)

9.799995 15

13.599985 15

17.299975 15

22.599965 15

Mixer
For this application two mixer dies were chosen from Hittie the HMC203 and the HMC144. Two
separate dies were required to meet the RF and LO frequency range requirements. The HMC144 can
handle a RF and LO frequency range of 5-20 GHz and requires a LO drive of 15 dBm typical. The
conversion loss for HMC144 and HMC203 is a 12dB maximum. The HMC203 can handle a RF and
LO frequency range of 14-23 GHz and requires a LO drive of 15 dBm typical.

Amplifier
For this application the Mini-Circuits MAR-2SM was chosen. This amplifier operates from a
frequency range of DC-2000 MHz and has a gain 12 dB.

Filter
The filter must be custom designed because no commercial part exists that would meet the required
center frequency or bandwidth. A suggested supplier is Microwave Filter Company Inc. This
company will custom manufacture filters to the customers specifications.

Multiplexing A/D converter
Each of the 4 analog signals has been mixed down to an appropriate frequency, amplified with
enough gain, and filtered. Therefore, these signals are ready to be converted into a form suitable for
the telemetry system without losing any vital information. The signals will be converted into digital
data to fit the telemetry frame or packet. After transmission, the station can recover all signals and
extract the measurements. Creating a digital output from 4 analog inputs requires 3 major steps:
analog multiplexing, sampling-holding, and analog-to-digital conversion. Figure 2 displays the three
steps of signal processing to obtain the digital output.

Figure 2: Stages of signal processing



Commutation allows the analog signals to time-share the channel before they are sampled. The 4
tones are transmitted to the sampler exactly as received. During sampling-and-holding the signal is
being tracked. Then the last value is held stable for the A/D conversion hardware to measure it. The
A/D converter finalizes the process by producing the digital output that describes each of the 4 tones.
The accuracy of the digital representation depends on the accuracy of the A/D converter. The basic
types of digital-to-analog converters are: successive approximation, dual slope integrating, charge
balancing, flash, and sigma-delta ADCs.

Fortunately, today manufacturers can integrate the three stages of the conversion process into one
device. As a result, component count is reduced and power consumption is reduced. In addition,
component matching is achieved and frequency response is guaranteed.
At this stage, the analog signals have been converted to digital data. An address has been added to
each set of digital data; this will tell the ground station to which tone each set of data corresponds.

SIGNAL TRANSMISSION/RECEPTION

Science Data Receiving Antenna

 Specifications/Requirements

The design of the science data antenna must be constrained to the specifications provided by the ISS
transmitter. These specifications are based on parameters predicted for the worst cross-link case.

§ Transmitter Power (Watts): 10.0
§ System's Losses (dB): 0.1
§ Frequency (GHz): 22.6 (λ= 0.01327m)
§ Transmitter EIRP (dBW): 38.0
§ Height (Km): 800
§ Worst Slant Range (Km): 6586
§ Atmospheric Losses (dB): 4
§ Receive Noise Temperature, K: 101 (20dB)
§ Two Level Sampling Loss (dB): 2.5
§ Data Rate (Hz): 50
§ Required SNR at Transmitter: 3400 (in 1 sec)

Space Loss (Ls)
The space loss is the result of the 1/R2 fall-off of the RF signal picked up at the receiver. It is also a
function of the center wavelength of the link, i.e.:

[Ls]=10log[{(4π  Rs)/(λ)}2]    (1)

For  λ= 0.01327m and Rs = 6586000m, Ls is equal to 196 dB.



Atmospheric Losses (Lp)
Atmospheric losses are estimated to be no more than 4dB. Since a main purpose of the cross-link
received signal is measuring occultation, atmospheric absorption cannot be added to the loss term.
Therefore, Lp should be mostly due to atmospheric scattering.

Receiver C/No
Since the desired SNR has to be at least 3400, and the data rate is 50 Hz, the required receiver's
C/No will be:

[C/No] = [3400/50] = 68 dB

Crosslink Power Budget
The cross-link power budget can then be calculated using the following equation:

[C/No]=[EIRP]-[Ls]+[G/T]-[k]-[Lp]-[L2s]               (2)

In equation 2, [k] = -228.6 dBW/ K-Hz is the Boltzman constant, and L2s is the two level sampling
loss, as specified. Solving the equation for [G/T]:

[G/T]= 68 - 38.0 + 196 - 228.6 + 4 + 2.5 = 3.9 (or 4 dB)

Receiver Gain
The gain of the receiver must be at least:

[Gsys]= [G/T] + [Tsys] = 4 + 20 = 24

Antenna Gain
The antenna gain is calculated from [Gsys] as:

 [Gant]=[Gsys]-[Gamp]

In the above equation, [Gamp] is the gain due to additional amplification elements introduced in the
system.

If we use [Gamp] = 5dB, then [Gant] = 19 dB (or ratio 80).

Antenna's Diameter
The diameter of the antenna comes from the relation between antenna gain and its effective area Ae:

Gant=(4πAe)/(λ2)

where Ae=ηAp, where η is the antenna efficiency, which we will assume to be approximately 15 %
at 22.6 GHz, and Ap is the physical aperture.

Therefore, the diameter is: Dant=[(λ)/(π)][sqrt(Gant/η)] = 0.09m



Recommendation

This antenna design shows some improvements compared to the R/P antenna choice previously
proposed (Herman, et.al).  The most significant advantage is the reduction in size to 1/2. On the
other hand, this reduction is only possible at the expense of adding an extra amplifier to the system,
which may eventually increase Tsys, thus increase the noise power of the system. However,
depending on the choice of antenna, Tsys may just turn out to be less if the new antenna has a
sufficiently smaller Tant compared to the 0.2m antennas.  Standard horn antennas do not suit these
requirements, and therefore, we endorse the choice of a modified version of the Black Jack by JPL,
which was used in the GRACE mission, as described in the proposal.

POWER GENERATION AND DISTRIBUTION

The power generation and distribution (PGD) is a subsystem in the UASat that is responsible for
generating, controlling, and distributing DC power to other subsystems. PGD consists of:

§ Photovoltaic (PV) panels or solar panels.
§ Battery.
§ Solar charger/regulator.
§ DC regulator.

This subsystem will require further specification and design in order for the mission to be successful.
The purpose of this portion of the paper is to identify and discuss some of the unresolved issues.
Further details about the recommendations and about alternatives considered may be found in the
design report (Hittle, et.al.).

The PV Solar Panel
The solar arrays will consist of eight-sides mounted around the satellite body. Each array has
dimensions of 18 x 51.5 cm. The UASat will be rotating around the earth 6 times a day. In each
rotation, a little more than 50% of the solar arrays will be facing the sun. The types of solar cells
preferred are GaAs Cells. These solar arrays have to be capable of generating 28-35 W, and
providing an output voltage of 34-38 Volts. Usually, these cells have an efficiency of 24%, and they
must be thermally isolated.

The Battery
The desired battery is a Lithium Ion type. As has been mentioned earlier, the solar panel can only
provide 28-35W under sunshine. If we want more power, we must draw from the battery. Before
deciding on the power, current, and voltage specifications for the battery that will be used, peak
power requirements, without the addition of 28-35 W from the solar panel, are needed from each
team. To calculate the exact power budget, each team has to draw a graph that explains their power
needs for one complete revolution. How often they need power and the duration of use/not-in-use are
all critical values needed. An example of the current vs. time graph for one revolution in shown in
figure 3.



Figure 3: Arbitrary current profile for a subsystem in 1 revolution.

The Solar Charger/Regulator

Its main function of this device is fully charging the battery without permitting overcharging. If a
solar array is connected to lead acid batteries with no overcharge protection, battery life will be
shorter. The Lithium Ion batteries proposed are even more sensitive to charge regulation.  The
charger/regulator is a control system that opens the charging circuit, terminates the charge at a pre-
set high voltage. Once a pre-set low voltage is reached, it closes the circuit, allowing charging to
continue.  Tapered charge profiles may also be programmed.

The solar charger/controller are rated and sized to the systems they protect by the array current and
voltage. Most common are 12, 24, and 48-volt regulators. Amperage rate run from 1 amp to over
100.

The three stage charge controllers features the following: adjustable control set points, internal
temperature condensation, surge protection, reverse polarity protection, electronic- short circuit, and
over temperature and overloading protection. The Trace C12 Solar Charge / Load Controller charge
the battery with 12 VDC, and 12 amp, while only weighing only 3 lbs.

DC/DC Converter

The voltage generated by the solar array and the battery has to go through DC/DC converter before it
reaches other subsystems. The voltage has to step-up or step-down while maintaining 80-85%
typical conversion efficiencies. There is a need for making a consensus of types of voltages of the
other devices used in other subsystems. The PGD itself can supply about 28-30 V. To save space for
the DC/DC converter and wiring, all devices are better if they have uniform voltages as follows:
+15, -15, +5, -5, and +3.3. However, in order to have a device to follow those voltages we must
sacrifice money, space, or weight.

The important issues for choosing a DC/DC converter are efficiency and compatibility with step-up
and step- down DC-DC conversion for 1-cell Lithium- Ion batteries. It should be capable of
supplying up to 500mA output current, at a fixed or user selectable output voltage. The range of



input, and output voltage options should match Lithium- Ion, or any other battery application.  The
input voltage range spans above and below the regulated output voltage.  The ILC6360 by Impala
Linear Corporation meets these requirements.

DC Regulator

The Power subsystem gathers extensive telemetry about its own components. Temperature of the
battery and the solar panels are monitored. Currents from each solar panel are monitored
individually, as well as the current coming in or out of the battery. Bus and battery voltages are also
monitored. The most important telemetry values (battery voltage, temperature and current, as well as
bus voltages) are sent directly to the CPU, while the rest is sent through a multiplexer to the CPU in
the satellite. From all the previously mentioned measurements, the regulator can regulate the input /
output voltages and currents of each device according to the desired operational status. The regulator
will be PWM switching regulators designed for high efficiency and high power density.  The
XC62G series regulator from Blue Sky Electronic Components Ltd. meets these requirements.

SUMMARY

This paper has presented design recommendation for the cross-link subsystem of a small satellite
capable of conducting scientific research to measure atmospheric water content. It has also identified
some issues that require further study regarding modification of the power generation and
distribution subsystem for the satellite
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 Precious Bits:
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Advanced Multi-Mission Operations System (AMMOS)
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ABSTRACT

The Jet Propulsion Laboratory's (JPL) Advanced Multi-Mission Operations System (AMMOS)
system processes data received from deep-space spacecraft, where error rates are high, bit rates are
low, and every bit is precious. Frame synchronization and data extraction as performed by AMMOS
enhance data acquisition and reliability for maximum data return and validity.  Unique aspects of
data phase determination, sync acquisition and sync loss and other bit-level topics are covered.
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INTRODUCTION

Many people think frame synchronization algorithms for CCSDS packet telemetry are standard and
quite similar to each other. These common algorithms may lose data unnecessarily or create invalid
or corrupted data. Because data from deep-space missions is so precious, AMMOS attempts to
recover as much data as possible, while delivering only good quality data. This paper describes some
aspects of the frame synchronization and packet extraction algorithms used by AMMOS.



FRAME SYNCHRONIZATION ALGORITHMS AND DATA VALIDITY

Many frame synchronization algorithms give priority to speed, not data return, primarily because
they must process high-rate data. Usually chip-based, these algorithms do not buffer data, but stream
it through the chip. They do not have the ability to look upstream, downstream, or inside the data.
Without these capabilities, synchronized data may leave the user to either resolve errors or process
incorrect data. For instance, if data is identified as being in "verify" or "flywheel" mode, the users
must either:

      1) determine for themselves whether the data is valid enough to be processed,
      2) not do the validity determination and process potentially invalid data, or
      3) call all questionable data invalid, thus losing potentially valid data.

To determine if data in "verify" or "flywheel" mode is valid, a user must look upstream to determine
the final resolution of the uncertain state. The user must therefore retain data in these modes until the
validity question has been resolved.  AMMOS frame synchronization only creates a frame if it is
valid enough to be passed on to packet extraction, and does not create frames with questionable
validity. Groups of bits not used for packet extraction are archived, as are all other bits. They are
identified and routed such that packets are not extracted from them, but are still available for later
human analysis. Succeeding paragraphs give the details of these validity checks.

DETAILS OF AMMOS FRAME SYNCHRONIZATION

How a synchronizer handles failed sync acquisition attempts can affect the number of frames
produced. Frame synchronizers typically first search for the sync marker (also called pseudo-noise or
PN code). Once the first sync marker is found within a specified bit error tolerance, the algorithm
looks for the next marker the appropriate number of bits upstream. If the next one is not found in the
expected location, less thorough synchronizers bypass intervening bits. They generally examine
upstream bits for another sync marker only after the point in the data stream where the expected
second sync marker was supposed to be found, but wasn't. This results in one frame's worth of data
being discarded. AMMOS' algorithm begins searching for the next sync marker beginning with the
second bit of the first found sync marker. Sometimes sync starts within this otherwise discarded
data. This technique is especially helpful if embedded sync markers may normally be within a frame,
such as having recorded or relayed frame-level data within packets. Similarly, when sync is lost,
sync marker searching begins anew with the second bit after the last good frame produced, as
opposed to the first bit after the first failed frame.

Once two sync markers are found the correct number of bits apart, further checks ensure the
frame is good enough for downstream processing. Some algorithms decide either that sync is
found and packet extraction may begin, or sync is ready to be verified by a specified number
of correct sync markers upstream (sometimes called the verification number). AMMOS
makes Reed-Solomon (RS) decoding an integral part of the sync algorithm. If sync is either
imminent or being maintained, then RS decoding is performed. If RS decoding fails, then
AMMOS considers sync to be respectively either not yet found, or lost, thus avoiding further
processing of frames with bit errors.  If the frames are not RS encoded, then the CCSDS



mandated 16-bit Frame Error Control Field is checked, with similar results for this check's
failure.

If RS decoding is successful, the frame still has more hurdles to pass. Subsequent packet extraction
processing should not have to verify a frame's worthiness. The methods defined above also give a
better measure of usable data return because frames not passing the decode or check process do not
produce packets and are thus not useful for most data accounting purposes.

BEYOND REED-SOLOMON DECODING

Because sync markers are not usually RS encoded, they are not the best set of bits to use to
determine sync. In missions where the sync marker itself is not RS encoded (alas, all too often), once
sync is found successive sync markers are no longer considered a valid sync maintenance method.
The marker itself could be corrupted beyond the bit error tolerance specification, yet the frame may
easily be corrected by RS decoding. For this reason, once sync has been acquired, AMMOS no
longer uses the sync marker to maintain synchronization, but uses only RS decoding results. That is,
once sync has been acquired, each potential frame is RS decoded, and if it passes, it is considered a
frame (pending further checks, see below), regardless of sync marker errors.

RS decoding is transparent, meaning it works for both true and complemented data phases; therefore
complemented data exits the RS decoding process still complemented. (After RS decoding a frame
may be of either phase.) Phase changes will appear to the RS decoder as bit errors and may be
corrected if close enough to the frame beginning or end to enable correction. Thus, examination of
the phase of the sync marker, if the sync marker is not RS encoded, is not sufficient to determine the
phase of the frame; some other, constant-value field is needed. Therefore, AMMOS examines the
transfer frame primary header field "Version ID" to see if it meets the mission's expected value(s). If
it is complemented, then the entire frame is considered complemented, the phase is reversed, and
frame processing continues with true phase data. If the Version ID is not exactly correct for either
phase, the frame is considered corrupted and does not go on for further processing. As with all
invalid data, the bits are archived, but not passed on for packet extraction.

Once a frame has passed the previous hurdles, AMMOS has further checks in store, because
experience has shown that occasionally something can still be wrong. For instance, a "frame" shifted
by one byte may still pass the AMMOS sync maintenance checks, may be properly RS decoded, and
may accidentally pass the Version ID check. But the data, of course, is still incorrect. (This is
possible because, as explained above, we do not examine the sync marker once sync is acquired.) To
avoid this error, AMMOS compares the value of the 10-bit Spacecraft ID field in the CCSDS
transfer frame primary header against one or more possible values. If it matches no specified value,
the frame is considered invalid, and no further processing is performed on it. If this happens, sync
acquisition is begun anew, starting with the second bit of the sync marker of the failed frame.



INSIDE THE FRAME

Sometimes spacecraft flight software makes data that appears valid at the frame level, but is not
valid enough for packet extraction. For instance, zero- or garbage-filled frames may not have the
proper CCSDS identification of their idle, or filler, status. (Yes, sad but true, flight software does not
always follow the rules, but even if the flight software violates the CCSDS standards, it is AMMOS'
job to make sense of the data.). Usually, the Spacecraft ID or Version ID check will find these
frames. If the frame is garbage, but the frame primary header passes all previous tests, then packet
extraction will be attempted. Before packet extraction, the First Header Pointer (FHP) field is
examined.

The FHP is a crucial field for packet extraction. Because a mission may have many valid
Application Process IDentifier (APID) values, many bit strings could mistakenly be used as a valid
APID, with resulting data chaos. AMMOS checks the FHP, and if the FHP does not match the value
expected, then no frame bytes prior to the FHP-designated byte are made into a packet. The bytes
that might have been spliced onto a frame-spanning packet are discarded (archived and marked as
invalid), and packet extraction starts again where designated by the FHP. Because flight software
may fill frames with zeroes, AMMOS strongly recommends against using a value of zero (0) as a
valid Application Process ID (APID) for any packet type.

CONVOLUTIONAL DECODING

All deep-space data is convolutionally encoded prior to transmission. The convolutional decode
process is always performed prior to frame synchronization. This decode process may produce bit
slips, i.e., a bit stream may contain several bits more or fewer than the spacecraft actually
transmitted. While maintaining convolutional decode output through bit slips may aid in antenna
lock accountability, it wreaks havoc on data. After all, any size bit slip corrupts all upstream
(following) data, and because bit slip locations cannot be known, they cannot be corrected. The
AMMOS frame sync algorithm does not allow bit slips. The sync markers must be positioned at the
exact location to be considered for further processing. If a sync marker is not separated by the
correct number of bits from the previous marker, the bits in between the markers are not considered
a valid frame. Bit slips of any size cause failed RS decode and failed cyclic redundancy checks, thus
causing sync to be lost when they occur in sync maintenance mode.

DATA OUTPUT AND IDENTIFICATION

Once frames are considered valid for further processing, additional care is taken to extract as much
data as possible. Scientists looking at data from a planetary encounter, for instance, are eager to
receive every possible data bit, because data from that moment in time and space will never be
duplicated.

All input bits not put into a valid frame are output and flagged with a code representing the problem
encountered. All data input to the frame synchronization process is also output as "raw" data, so it
may be reprocessed with different parameters if need be. AMMOS usually receives data from the



Deep Space Stations that has been initially frame synced by a chip-based algorithm. This initial
synchronization allows the stations visibility into data quality, although some missions take this data
as is, and do not take advantage of AMMOS' further refinements. The usual agreement between
AMMOS and the Deep Space Stations is for AMMOS to receive all bits, in order, despite the
station's frame synchronization status. AMMOS then treats this data as a pure bit stream, without
regard to the marked sync status. AMMOS is saved some bit shifting if the two sync alignments are
the same, the usual case. Where AMMOS pulls out more good data or removes bad data is generally
at a streams "edges," where frames are marked as being in a grey area, such as search, verification or
flywheel modes.

PACKET EXTRACTION

The effort to use only frames containing all good bits pays off during packet extraction. If a frame
contains incorrect bits, then incorrect or invalid packets may be extracted. An incorrect packet is one
whose Application Process Identifier (APID) and other CCSDS packet header fields appear valid
and thus the packet appears valid, but has corrupted data. Invalid packets are those with an
unrecognized APID or other packet header errors. Incorrect packets create problems when they are
processed. Invalid packets are not used. In extreme circumstances, incorrect packets may corrupt
storage databases or take a valid packet's place. AMMOS also creates invalid packets from bits
extracted from a valid frame but unable to be put into a valid packet. For example, a first synced
frame's beginning may contain the end of a packet spanning two frames. Those bits cannot be
applied to a packet because the packet header is missing; they are thus put into an "invalid packet"
and flagged with the reason for their invalidity. They are available for examination, but no other
processing.

TURBO-CODES

In the coming "turbo-code" era, frame sync is done in the symbol domain, as opposed to the bit
domain. The process produces frames, but any one frame's validity is a statistical probability.
Therefore, a Cyclic Redundancy Check (CRC, also called "Frame Error Control Field" by CCSDS)
is important to verify that the frame is actually the same as when transmitted from the spacecraft.
Turbo-coded frames not passing the CRC check are not considered valid frames by AMMOS. (JPL
is not currently supporting any turbo-coded telemetry missions.)

FLYWHEELING, ETC.

For Time Division Multiplexed (TDM) telemetry, or for packetized frames either not RS decoded or
not CRC checked, different methods of sync acquisition and loss are used. Sync is acquired without
any verification period.  If the first frame meets the criteria, it is in sync.  These criteria include
proper positioning of two sync markers of the same phase and other checks of frame fields.  For
TDM, at a minimum the format ID, an identification of frame type, must be valid and matching for
both frames.   During periods of bad data, generally at a track's start or end, sync may be acquired
and lost several times in rapid succession.  Having no verification period allows retention of data



that is valid, but not succeeded by valid data.   During potential sync loss, when the sync marker is
outside of the bit error tolerance, flywheeling is done, but the flywheeled frames are held onto until
it is determined that either sync will be lost at the end and all flywheeled frames are then declared as
out of sync, or that sync can be maintained and all flywheeled frames are output as valid, although
flagged as flywheeled.  By holding onto frames until the flywheel period is over, the validity of
synced frames is ensured, and users do not need to apply further data validity checks. Holding onto
frames causes a small slow-down and succeeding burst of data, but the flywheel factor maximum is
kept to 4, and the burst does not cause downstream problems.

CONCLUSION

In applications where both data quality and quantity are important, new frame synchronization and
packet extraction implementations should attempt to incorporate some of the algorithms discussed
above. Although the errors and problems discussed may be rare, it is not good practice for software
to allow bad data to be processed.

NOTES

AMMOS personnel usually refer to data as a singular noun.  Although in Latin it is the plural of
datum, we treat it as a collective, like "sugar".  This allows us to construct our  sentences more
clearly and less awkwardly.  When we do this, we can refer to data as flowing through pipelines and
processors.

The work described in this publication was carried out at the Jet Propulsion Laboratory, California
Institute of Technology, under a contract with the National Aeronautics and Space Administration.
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ABSTRACT

Today’s telemetry specifications are requiring electronic systems to not only survive, but operate
through severe dynamic environments. Pyrotechnic shock and Random Vibration are among these
environments and have proven to be a challenge for systems that rely on highly stable, low phase noise
signal sources. This paper will mathematically analyze how Pyrotechnic shock and Random Vibration
events deteriorate the phase noise of crystal oscillators (XO).

KEY WORDS
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INTRODUCTION

A design for a telemetry system was needed to provide a 2.2GHz. synthesized source for a Quadrature
Phase Shifted Keyed (QPSK) transmitter. Part of the specification required this telemetry transmitter to
operate, with minimal degradation, during high level Pyrotechnic Shock and Random Vibration
environments. Given that the modulation scheme relies heavily on the phase of the carrier, phase noise is
critical to the system performance. Before a design concept could be developed a good understanding of
the problem needed to be understood. The question arose: How does Pyrotechnic Shock and Random
Vibration effect a XO? Experiments were conducted utilizing an existing XO design and mounting
techniques while monitoring the frequency output. This paper will address the theoretical aspects of
calculating these effects.

ANALYSIS

A majority of design engineers view high vibration and pyrotechnic shock environments as abnormal.
These engineers usually design system to survive these environments rather than operate through them.
In today’s telemetry systems (launch vehicles, aircraft, automobiles, and etc.), the design engineer must
recognize the importance of system performance during these environments. Random Vibration and
Pyrotechnic Shock have an enormous impact on the phase noise of crystal oscillators. Phase noise
results from random fluctuations in the phase of a signal. These fluctuations are time-domain
instabilities that are normally a function of semiconductor noise, resonator drive level noise, and the Q
of the resonator. A crystal resonates at a given frequency based on its unique physical characteristics. An
XO is truly an electromechanical device. This is true because the thin slab of quartz does exhibit
mechanical deflection. This mechanical deflection occurs at the rate of the resonance frequency.
Figure 1 illustrates how typical quartz blanks are mounted.



Figure 1 Typical Quartz Blank Mount

The crystal resonator can not oscillate by itself. An external stimulus must replenish the energy lost by
the resonator during the mechanical deflection. Typically, the external stimulus is an electrical amplifier.
The crystal resonator is placed between the input and output of the amplifier. The point at which the
phase and gain response of the XO meets the requirements of the Nyquist (Barkhausen) criteria
determines the frequency of oscillation. The Electro-mechanical nature of an XO implies that external
mechanical forces will change its performance. The external forces cause the crystal resonator to deflect,
therefore frequency modulating the XO output. The FM appears as side-band spurs in the frequency
domain. These side-band spurs are generated at the repetition rate of the external mechanical force.
Figure 2 shows the side-band spurs from a 35MHz. crystal oscillator exposed to a 500Hz. sinusoidal
vibration profile.

Figure 2 Side band spurs generated by 50OHz. Sine vibration



The design engineer must ask how to correlate this external force to the side-band level. This
correlation is found in the following formula:

Gamma (Γ) is a term that expresses the acceleration sensitivity of a quartz resonator. The
term is generated by the following equation:

Equation 1 and 2 allow evaluation of the phase noise effects associated with exposure to Random
vibration. MathCAD was used to evaluate a typical XO under a standard pyrotechnic shock
environment. The pyrotechnic shock parameters used in the analysis were as follows:

Figure 3 is a graphical representation of the above pyrotechnic shock parameters. Prior to evaluating the
effects on the crystal oscillator the shock event had to be converted into an equivalent power spectral
density profile (g2/Hz). The conversion was accomplished using the Miles equation.



Figure 3 Pyrotechnic Shock Profile

The equivalent power spectral density plot can be found in Figure 4. Now that the environments are in
units that support equation 1, they can be used to determine the level of the side bands generated during
the pyrotechnic shock event.

Figure 4 Equivalent Power Spectral Density Plot



Typical XO phase noise parameters were plotted in MathCAD to illustrate the increase associated with
phase noise during the pyrotechnic event. The typical XO phase noise values as entered in MathCAD
are below:

The above values are represented in Figure 5. The side-band levels were calculated using a Gamma of
6x10-9 ∆f/f per g. This value of Gamma comes from measured data, supplied from a vendor, of a
previous XO design. The center frequency of the oscillator analyzed was 35MHz. Now that the induced
side-band levels have been calculated a comparison can be made between the static and the induced
phase noise. As you can see from Figure 6, the pyrotechnic shock event has increased the XO’s phase
noise considerably. The integrated phase noise for the static condition is approximately 3.721Erms. The
integrated phase noise during the pyrotechnic shock event is 5.496Erms.



Figure 5 Crystal Oscillator Static Phase Noise

Figure 6 Crystal Oscillator Phase Noise during Pyro-Shock



The analysis above can be repeated for Random Vibration by skipping the conversion step. A typical
Random vibration profile and plot (Figure 7) can be found below:

Figure 7 Typical Random Vibration Profile

The same XO parameters from the pyrotechnic shock analysis were used for the Random Vibration
analysis. The Static phase noise of the XO is 3.721Erms. The induced phase noise during Random
vibration is 6.217Erms (See Figure 8).



Figure 8 Crystal Oscillator Phase noise during Random Vibration

CONCLUSIONS

The analysis presented in this paper gives a method to theoretically predict the levels of sideband spurs
induced by Random Vibration and Pyrotechnic shock. Once the induced phase noise of the crystal
oscillator has been identified the designer can use the information to analyze the effects on the telemetry
system performance. While papers have been written to describe the effects of Random Vibration on
crystal oscillators, authors have not addressed the effects during Pyrotechnic Shock events. As telemetry
systems migrate to phase modulation techniques, design engineers must be aware of the increased
effects of Random Vibration and Pyrotechnic Shock. The results found in the above examples show a
considerable increase in phase noise during Random Vibration (2.496Erms) and Pyrotechnic Shock
(1.775Erms). Phase noise measurements performed on flight hardware support the theoretical
predictions presented above.
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Abstract

The Joint Services Advanced Range Telemetry (ARTM) Program at Edwards Air Force Base has been
evaluating FQPSK-B for possible upgrades to the existing telemetry equipment. It has been found in the
wideband channel sounding experiments sponsored by ARTM that the in-flight fading channel can be
modeled as a 3-ray multipath channel[1]. Delay spread for a typical in-flight channel is in the order of
300 nanoseconds. Furthermore, the pre-flight channel is characterized by much more severe multipath,
in which the delay spread is in the order of microseconds covering one or more symbols when the
FQPSK-B transceiver operates at a rate of millions of symbols per second. This adverse channel
condition inevitably causes tremendous distortion in the received signals due to severe inter-symbol
interference (ISI) from the multipath.

This paper provides an assessment of the potential ability of blind equalization to reduce the FQPSK-B
system susceptibility to degradation caused by dynamic frequency selective fading in the aeronautical
telemetry environment. In particular, a blind equalizer applique that can be inserted prior to the
demodulator without knowledge of the received signal such as carrier frequency, symbol timing and
sequence, etc, is proposed. Since it is desired that the equalizer applique operate independently of the
carrier frequency and given that the modulation of interest is constant envelope (PCM-FM or FQPSK-
B), we have selected the constant modulus algorithm (CMA)[2] cost function for implementation.
Extensive tests on both simulated and recorded FQPSK-B data transmitted over different ARTM
channels have been conducted and the blind equalizer structure has shown substantial improvements,
even on the difficult ARTM pre-flight channels. The CMA adapts the equalizer coefficients to minimize
the deviation of the output envelope from an arbitrary constant level.

This paper depicts the pre-flight and in-flight channel conditions using time and spectral domain
measurement. It quantifies the benefit of the blind CMA tapped delay line equalizer. Due to the
extensive signal processing requirements associated with the very high sampling rate (100 MHz) of the
FQPSK-B system, hardware implementation complexity is very high. Complexity reduction issues
regarding the implementation of the CMA using Field Programmable Gate Array (FPGA) will also be
presented.



1. INTRODUCTION

In an attempt to quantify any improvements provided by blind equalization for the ARTM channels,
extensive tests have been conducted on both simulated and recorded ARTM channel data corresponding
to FQPSK-B modulated data. The intent of this work is to establish the feasibility of a blind equalizer
applique that can be inserted prior to the demodulator without knowledge of either the signal carrier
frequency or symbol timing information. As such, the equalizer can operate either at the digital IF
frequency or at complex baseband. The latter mode is chosen for our testing purposes as described in
Section 2 of this paper.

Since it is desired that the equalizer applique operate independently of the carrier frequency and given
that the modulation of interest is constant envelope (PCM-FM or FQPSK-B), we have selected the
constant modulus algorithm (CMA) cost function for implementation and testing. The CMA adapts the
equalizer coefficients to minimize the deviation of the output envelope from an arbitrary constant level,
chosen to be unity for our testing. As will be demonstrated here, the CMA yields excellent improvement
even on the difficult, ARTM pre-flight channels. Although the CMA equalization results reported herein
use a tapped delay line digital filter (non-baud spaced), other filter realizations (e.g., lattice, recursive)
are currently being developed and tested.

Given that the pre-flight channels are generally the most difficult to demodulate due to the ground
multipath, our initial testing has focused on these data segments. Preliminary evaluation of the in-flight
data reveals that severe fading occurs only for a slight fraction of the entire recording period. For most
of the other time, channel impairment is so little that equalization provides no measurable improvement
in the output bit error rate (BER). When the fading and/or co-channel interference event does occur,
preliminary results indicate BER improvement from the equalizer. hi this paper, processing results of the
sampled IF ground data for the ARTM Flight measurement data are presented. The paper is organized
into the following sections:
(1) Summary of the ARTM Flight 21 data points.
(2) Description of the data processing steps.
(3) Equalizer structure
(4) Processing results from the data set
(5) Complexity reduction
(6) Hardware implementation issues

2. ARTM FLIGHT 21

The test aircraft was configured with two omnidirectional transmit antennas in a top and bottom
configuration with equal power being applied to each antenna. The phase relation between the two TX
antennas is fixed (but unknown). This antenna configuration was chosen because it is the standard for
flight test aircraft thought to minimize telemetry dropouts due to the aircraft shading the receive antenna.
It does though create co-channel interference. Antenna nulls that may not normally exist with just one
onmidirectional antenna on the aircraft are artificially created.

For this test the modulation is FQPSK-B at a bit rate of 14.7 Mb/s (7.35 Msymbols/sec) with the
transmit frequency of 2374.5 MHz. The receive system consisted of a 4 foot parabolic dish antenna, low
noise amplifier, telemetry receiver with front-end fast automatic gain control, and a FQPSK-B
demodulator.



The collected data is the received intermediate frequency (IF) at 70 MHz sampled at 100 MHz. Thus the
center of the passband is folded (aliased) down to 30 MHz and inverted on the frequency axis. Each
sample is 8 bits in length.

There are two types of channel conditions captured during the test, preflight and airborne. For the pre-
flight condition, the aircraft moved slowly (taxied) on the ramp while snapshots of the IF were taken.
The airborne (in-flight) condition consisted of flying through known areas of multipath and sampling the
IF at those points.

The RF channel is characterized by the following two impairments:
• Multipath propagation, primarily manifested as time varying frequency selective fading;
• Co-channel interference due to the dual TX antennas.

3. DESCRIPTION OF DATA PROCESSING STEPS

Figure 3-1 is a block diagram describing the intermediate processing steps for the received IF sampled
data:

Figure 3- 1 Sampled IF data processing

(1) The real sampled IF data, centered at 30 MHz, is first translated to complex baseband by mixing
with the 30 MHz complex carrier.

(2) The down-converted signal is further low-pass filtered with a cutoff frequency of 15 MHz,
corresponding to the main-lobe of the spectrum.

(3) Note that all of these operation are performed asynchronously, i.e., no symbol timing information
is required.

(4) The complex baseband data are processed along two parallel paths. For the un-equalized path, data
passes through the FQPSK-B software demodulator. BER analysis is then performed using cross-
correlation against the known transmitted bit sequence, which is a (2111-1) PN sequence.

(5) For the equalized path, the data first passes through the CMA blind equalizer. The equalized data
then follows the same processing as described above in Item (4).

Throughout the data processing, the time domain signal constellation, histograms and spectra of selected
data segments are computed and displayed to characterize the ARTM channel. Figure 3-2 shows these
for illustration. They were obtained from the perfect received signal contained in the Flight CD. This
represents example of a “clear” channel without apparent multipath.



Figure 3-2 FQPSK signal characteristics

4. EQUALIZER

Figure 4-1 shows the structure of a CMA, tapped delay line blind equalizer[1].

Figure 4-1 Tapped delay line CMA equalizer

In essence, the CMA seeks to minimize a cost function defined by the constant modulus (CM) criterion.
The CM criterion penalizes deviations in the magnitude of the equalized signal from a fixed value. The
stochastic gradient descent algorithm is used to minimize the CM cost function, starting at an initial,
non-zero tapped delay line weight vector corresponding to the symmetric, all-pass filter. In summary,
the equalizer:
• Maintains unity output envelope, i.e., *y(n)*2 ~1, even in multipath distortion
• Can operate asynchronously with the data clock and in the presence of carrier/Doppler offset, which

makes it an ideal applique candidate

The number of equalizer taps, L, depends on the multipath and data rate -- for a given multipath profile
L decreases with increasing data rate. In addition, the CMA convergence rate is determined by L and ~,
the convergence step size. Based on simulations performed to date, the worst-case settling time is
bounded by 100,000 symbols.



For all of the data processing tests, L is fixed at 1000 taps for the pre-flight channel, and L=100 for the
in-flight channels. From Figure 4-1, the operation complexity of the tapped delay line CMA equalizer
can be estimated. Assuming the length of this fractional spaced equalizer to be L, there will be
approximately 2L MULTIPLIES and 2L ADDS in every clock cycle. Given that the sampling frequency
is 100MHz, the total number of MULTIPLIES and ADDs is 200L* 106 per second and 200L* 106 per
second respectively. Given that the algorithm complexity is linearly proportional to L, subsequent data
processing with the tapped delay line CMA equalizer will attempt to reduce the implementation
complexity via the following:
• Reduce L
• Incorporate decimation prior to the equalizer

In addition, other filter realizations (e.g., lattice, recursive)[3]  are currently being developed and tested,
aiming to reduce the implementation complexity. In summary, the structure of the add-on equalizer
module is shown in Figure 4-2. It represents an applique solution to the current receiver.

Figure 4-2 Structure of add-on equalizer

5.RESULTS

5.1 PRE-FLIGHT CHANNEL
Figure 5-1 is the decimated average power plot for a typical preflight channel. The temporal behavior of
the plot has a good indication of the time varying fading characteristics of the in-flight channel.

Figure 5-1 Pre-flight channel decimated average power



Refer to Figure 5-2 through 5-4 for the corresponding signal constellation, histogram and spectrum
plots. These plots indicate how bad the channel impairment is in time, frequency domain. They also
reflect the effectiveness of the equalizer. Table 5-1 lists the BER performance obtained from processing
the fading segments of the collected data. Note that the equalizer length  is kept to 1000 for these pre-
flight channels.

Figure 5-2 Signal constellation of G6 channel Segment A

Figure 5-3 Histogram of G6 channel Segment A



Figure 5-4 Signal spectrum of G6 channel Segment A

Table 5-1 BER performance for pre-flight channel

Figure 5-5 shows the modulus error plot for the equalizer. As is seen, the equalizer requires
approximately 100000 samples for convergence in this case.

Figure 5-5 CMA equalizer convergence behavior, Segment A of G6 channel

5.2 IN-FLIGHT CHANNEL
Equalization of the in-flight channel substantially improves the BER performance as indicated by Table
5-2. Note that the equalizer length is kept to 100 for the in-flight channel.



Table 5-2 BER performance for in-flight channel

6. COMPLEXITY REDUCTION

In the following, we compare the BER performance of the regular CMA with those of the decimated
counterpart. Because the pre-launch channel requires much longer equalizer length than the in-flight
channel, the preliminary evaluation operates only on two of the pre-launch channels, G4 and G6, as
indicate din Table 6-1 and 6-2. Decimation factor is kept to 5.

Table 6-1 Decimation Performance for G4 channel

Table 6-2 Decimation Performance for G6 channel

The decimation factor of 5 reduces the overall complexity by a factor of 52 , or 25. In majority of the
cases, the decimated system shows comparable performance to the non-decimated system. The fact that
the decimated system shows even slightly better performance in some cases indicates that the channel
delay spread may not be as bad as originally anticipated, which requires a 1000-taps equalizer.

7. HARDWARE IMPLEMENTATION ISSUES

The structure of the add-on equalizer module has been shown in Figure 4-2. It represents an applique
solution to the current receiver. In the following, we discuss some of the hardware implementation
issues, aiming to fit the CMA algorithm into the current available Field Programmable Gate Array
(FPGA) devices.

The conventional CMA equalizer adjusts the equalizer coefficients for every input symbols.
Furthermore, the fractionally spaced CMA equalizer presented earlier operates at a fraction of the
symbol rate. Thus the computational complexity becomes higher in proportional to the sampling



frequency. In order to reduce the cost required for the high speed hardware, the block adaptation
algorithm can be employed and its block diagram is shown in Figure 7-1. It is well known that the block
adaptation algorithm shows comparable performance as conventional algorithm, if the input signals do
not vary so rapidly[4] . By using the block CMA and the fast convolution in the DFT domain, the
computations for the CMA can be further reduced. Similar schemes have been developed for the linear
filtering, that is, the frequency domain adaptive filter has been applied for the linear adaptive filtering
applications[5] . The approach employs fast linear convolution in the DFT domain using overlap and save
method as illustrated in Figure 7-2.

Figure 7.1 Block CMA

Figure 7.2 Frequency Domain Block CMA

The main advantage of frequency domain block CMA is the saving in computations. If the block size
and filter length is N, the multiplications required for the conventional CMA and FBCMA is in the order
of O(N2) and O(Nlog2N) respectively[6] . For a 256-tap FIR implementation, the authors showed that
about 20 times less complexity for FBCMA with comparable performance could be achieved. In
addition, the frequency domain filtering operation is suitable for pipelined implementation using FPGA
devices[7,8].

As just discussed, to double the throughput of a FIR filter without increase the clock rate of the filter
itself, the filter area would have to be doubled. I.e., two polyphase decompositions of the filter would be
created, one containing the even samples of the original filter, the other the odd. The same concept can
be extended such that the overall filter is decomposed into a sum of N=2m sum-filters, each of which



filters a particular “phase” of the input signal. This polyphase structure is suitable for FPGA
implementation for both decimation and interpolation filter. This is critical for the decimated CMA
operation.

Optimal design can be achieved by a more careful examining of the FPGA structure. One of the
important features in the XILINX architecture is the ability to use configurable logic blocks (CLB)
Look-up tables (LUTs) as RAM. Each LUT can be, used as a 16x1 RAM. There are two LUTs in each
CLB, allowing a single CLB to either implement a 32x1, a 16x2 or two 16x1 RAMs with a shared
clock[9]. The abundance of small distributed RAM blocks throughout the chip enables the user to pre-
calculate partial products, and to load these into the distributed RAM, thereby eliminating the large
amounts of logic needed to compute multiplication results in a non-distributed approach. The most
versatile approach to using the distributed RAM is an approach called Distributed Arithmetic
(DA)[10,11,12,13]. Using Xilinx FPGA design tools called Core Generator, a lot of signal processing
algorithm can be efficiently implemented using distributed algorithm.

8. CONCLUSIONS

Following is a summary of the ARTM data processing:
• Provided the channel CNR is adequate the CMA tapped delay line equalizer can effectively mitigate

the effects of the severe multipath in the pre-flight channels.
• The CMA equalizer is also effective to mitigate in-flight channel impairments and furthermore does

not degrade demodulator performance under clear flight conditions.
• The pre-flight channel can be modeled as a slowly time varying, severe frequency selective fading

channel.
• The in-flight channel is characterized by long intervals of little or no multipath distortion (flat fading

conditions) interspersed with short but severe CCI due to the dual TX antennas. Time variation is
faster than for the pre-flight channel.

• Under moderate CNR condition and when the constellation is almost close, the CMA equalizer is
very effective in enhancing the noise immunity of the system by opening up the constellation.

• When the channel CNR is low, the CMA equalizer can not substantially improve BER performance.
This is a fundamental limitation of any equalizer structure (tapped delay line or recursive) operating
under very low CNR conditions.

• The only strategies that can be effectively applied to low CNR channel conditions include forward
error correction (FEC); automatic re-transmission request (ARQ) protocols; adaptive modulation and
antenna diversity - techniques that are well outside the realm of an applique.

• Experiments with multirate processing reveals that the equalizer complexity can be reduced by an
order of magnitude without compromising performance. This is especially critical for pre-flight
processing and essentially enable the FPGA implementation of a realtime equalizer applique.

• Further complexity reduction can be obtained through parallel processing techniques including
polyphase filtering and frequency domain adaptive processing.
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ABSTRACT

Telemetry propagation channel is modeled to predict PCM/FM telemetry receiving signal level at
APG(Anheung Proving Ground), ADD(Agency for Defense Development). Channel model is composed
of direct wave and reflected wave in sea surface, so-called 2-ray model. Our 2-ray model includes
transmitting antenna radiation pattern, auto-tracking antenna radiation pattern, sea surface reflection
coefficient and phase depending on incident angle. Vertical and horizontal polarized receiving signal
strength is obtained from pre-calculated flight trajectory of transmitter. Calculated results are compared
with measured data in real flight test. 2-ray channel model can predict almost identical receiving signal
level and calculate starting point of multi-path fading effect. Using these results, receiving system can be
moved to more proper position before flight test.
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INTRODUCTION

Multipath fading effect causes significant attenuation for receiving signal. At the receiving antenna,
received signal consists of direct wave and ground/surface reflected wave. In-phase state makes
increased signal level and out-of-phase state results decreased signal level. In flight test, receiving
system can lost a moving transmitter and bit synchronization with this sudden fading.

To analyze more accurate fading phenomenon, we must consider real geometric characteristic and all
possible reflected waves. But similar prediction of receiving signal level can be obtained using
2-raymodel[1-2].

This paper applies the 2-ray model to Anheung Proving Ground telemetry channel. Receiving signal
level can be obtained from auto-tracking antenna radiation pattern, expected flight trajectory, sea
reflection coefficient and phase. Predicted signal levels are compared with the measured results and
show the usability of 2-ray model.

2-RAY CHANNEL MODEL

Figure 1 shows 2-ray telemetry channel model. As a transmitter is moving, channel model parameters
also varies with continuous time.



Figure 1. 2-ray channel model with auto-tracking antenna radiation pattern

h1 : Receiving antenna altitude above sea level
Z : Relative transmitter altitude to receiving antenna
R: Distance between transmitter and receiver
21: Elevation angle of receiving antenna
n: Incidence angle of reflected ray

Reflection coefficient is changed by incident angle of ray and reflection surface status. Reflection
coefficient followed by horizontal and vertical polarization is

(1)

(2)

(3)

(4)

Complex permittivity ,c = ,r - j608Fc ( ,r : relative pennittivity, Fc: conductivity). ,r and Fc vary with
reflection medium as depicted in Table 1.



Reflection coefficient and phase of reflection medium are calculated by equation (1),(2) in the case of
vertical and horizontal polarization. Horizontal polarization shows relatively high reflection coefficient
and 180 degree out of phase in Figure 2. This result explains that horizontal polarization has more fading
effect than vertical polarization.

(a) (b)
Figure 2. Reflection coefficient in each medium(Ocean, Wet, Medium, Dry ground) by horizontal
and vertical polarization. (a) Magnitude (b) Phase

AUTO-TRACKING ANTENNA PATTERN

Typical auto-tracking parabolic antenna pattern has sharp HPBW and low1st side lobe. When reflecting
wave matched with the null point, specular ray fading can be ignored. 8ft parabolic receiving antenna
which used in flight test has ESCAN auto-track operating mode. Antenna pattern is shown in Figure 3.
HPBW is 4.5 degree and first null point is approximately located in 5 degree.

Receiving antenna has different gain according to the incidence angle of direct and reflected wave[3].

Figure 3. 8ft parabolic receiving antenna gain pattern by main beam axis in S-band



CHANNEL LINK BUDGET

System parameters for link budget are given in Table 2. Transmitting antenna pattern is assumed to
0[dBi] EIRP (Equivalent Isotropic Radiation Pattern). Equation (5) describes free space transmission
loss which is varied by path distance. Atmospheric absorption and rain attenuation are significant in
band over 10GHz but atmospheric effect is ignored in S-band.

(5)

d : Distance between transmitter and receiver
8: wavelength

RECEIVING SIGNAL CALCULATION

Received signal level is given by equation (6).

(6)

2d is angle off boresight. If receiving antenna is on the exact boresight, we can assume that direct ray
antenna gain is G(2d) = 1 - G(22) is antenna gain for reflected ray. Incident angle of reflected ray 22 = 21

+ n . "    is composed of phase shift(o) by reflection coefficient and path delay(6).

(7)

(8)

(9)

(10)

Summarized block diagram of this process is described in Figure 4.



Figure 4. Block diagram for the calculation of received signal level and conversion of measured signal
level from AGC signal.

TEST RESULTS

Test examples are obtained from flight test at APG. AGC voltage output of receiver is converted to
signal level. Figure 5(a),(b) shows similar pattern of predicted signal level with measured signal level
and multipath fading start point .

(a) (b)

Figure 5. Comparison of measured signal level for flight time to simulated signal level (a) flight test #1,
(b) flight test #2 : Receiving antenna altitude=30m, Frequency= S-band, Transmit power-5W, 8ft
receive dish.

Antenna elevation angle is lower as the transmitter distance is longer than receiving antenna height. As a
result, reflected ray can incident to antenna main beam and cause destructive fading.

Auto tracking antenna has lost the transmitter at fading start point and reenter track mode in Figure5 (a).
In Figure 5 (b), the transmitter was totally lost at fading point.



CONCLUSIONS

Telemetry channel was configured by 2-ray multipath channel model. Predicted signal level was
compared with measured data obtained from real flight test. The results shows that we can calculate
almost precise receiving signal level and predict the starting point of multipath fading. With this result,
receiving system can be moved to the calculated place which complement the signal level of other
receiving system in fading point.

To make more accurate channel model, we must consider transmit antenna gain pattern, multipath
probability density function, roughness of reflection surface and real geometry.
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Abstract: Based on the fact that two topological conjugacy chaotic maps have

identical dynamical behaviors, this paper proposes a method generating spread-

spectrum sequences by creating chaotic maps topological conjugacy to Kent- Map,

and analyses the correlation properties of the chaotic spread-spectrum sequences. The

results of simulation verified the correctness of the theoretical analysis.
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0.  Introduction

This paper introduces a method generating spread-spectrum sequences in direct-sequence
spread-spectrum system by a class of chaotic maps. In recent years, there has been a great deal of
interest in the study of chaos found in non-linear dynamic systems. In some systems, the
synchronization properties of some chaotic systems have been used in an additive form in order
to hide information. Other works propose the use of chaos for spread-spectrum communication.
Because of its random nature, application chaos in communication will bring improvement to the
field of communication, especially to the spread-spectrum communication and security
communication.

This paper is only concerned with discrete-time dynamical systems when they are operating
in the chaotic state. A discrete-time dynamical system is defined by the state equation

K2,1,0,11),(1 =≤≤−=+ nxxfx nnn (1)

where, xn is called state, and f maps the state xn to the next state xn+1. Starting with an initial state
x0 , repeated applications of map f give rise to the sequence of points { xn, n=1,2,…} called an
orbit of the discrete-time system.

Through the sensitive dependence of chaotic systems on their initial conditions, a large
number of uncorrelated, random-like, yet deterministic and reproducible signals can be
generated, and these signals are suitable for being used as spread-spectrum sequence in direct-
sequence spread-spectrum communication system. Now in this field much improvement has
been made, but most research in this field is based on Logistic map or Chebyshev map[2][3][6][7]. In
fact chaos is in everywhere and the number of chaotic maps is very large, but most of them are
relatively complicated, probability of their orbit distributing is hard to get, the correlation
properties of the sequences generated by these chaotic maps can’t be analyzed theoretically. So
they are not suitable for generating chaotic spread-spectrum sequences.

Based on the fact that two topological conjugacy chaotic maps have identical dynamical
behaviors, this paper proposes a method generating spread-spectrum sequences by creating



chaotic maps topological conjugacy to Kent-Map, and analyses the correlation properties of the
chaotic spread-spectrum sequences. The results of computer simulation verified the correctness
of the theoretical analysis.

1. The Method Generating Chaotic Spread-Spectrum Sequences Through Topological Conjugacy
Transform.

We can get suitable chaotic maps through topological conjugacy transform.

Definition[4]: A , B are two topological spaces, f : A 6A and g : B 6B are self-maps on A and B
respectively, if there is homeomorphism from A to B :h : A 6B and

hgfh oo =               (2)

We call that f and g are topological conjugacy.

Topological conjugacy is a kind of equivalent relation between f and g, f and g have the
same dynamic behaviors. American researcher Banks had proposed the researching result that
map f is chaotic, if f and g are topological conjugacy, the map g is chaotic[4].

The Kent-Map is as follow
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Probability density of its orbit distributing is =)(xfρ 1/2.Kent-Map is a typical chaotic map,

because it is a shift map and computer calculate in limited precision, whatever the initial value x0

is, there will be 0=nx  after finite time iterating. So in fact Kent-Map can not generate chaotic
spread-spectrum sequences.

Theorem: If the homeomorphism h is an odd function, the map 1−= hfhg oo  is

topological conjugacy to Kent-Map f, then the orbit of map g distribute even symmetrically.

Proof: h is an odd function, that is )()( xhxh −=− , so )())(()( xhxhxh −′=′−−=′ .
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According to the conclusion of reference[5], the orbit of map g distribute as follow:
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)(xgρ  is the probability density of orbit, and it is an even function, that is the orbit of map g

distribute even symmetrically to zero.

Based on above conclusion, if )(xh :[-1,1] 6 [-1,1] is an odd function, then the orbit of map
1−= hfhg oo  distribute even symmetrically to zero, the sequences { )(1 nn xgx =+ } will have

good random nature at different initial value x0. So the sequences can be used as spread-



spectrum sequences. Then we will analyze the correlation properties of the binary chaotic

sequences { )sgn(, nnn xaa = }.

The auto-correlation property of sequence {an} is
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According to the ergod property of chaos[1], to each integrabel function )(xϕ  and almost all
initial value x0, there exist
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where )()( xg n is n times complex of )(xg , )(xρ  is orbit probability density of chaotic sequences,

define ))(sgn()( )( xxgx k=ϕ , then
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When 0≠k , )()( xg k is even symmetrical, so )(xϕ is odd symmetrical, because )(xρ is even
symmetrical, 0)( =kR . When 0=k , obviously 1)( =kR . So there exist
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So the chaotic sequences have good auto-correlation property.

Starting with the initial value x0, y0 independently, we can get chaotic sequences {an},{bn}
after iterating by { )sgn( nn xa = | )(1 nn xgx =+ }, then the cross-correlation of sequences
{an}and{bn} is:
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Because initial x0 and y0  is independent, so )()(),( yxyx ρρρ = ,
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So the cross-correlation property of the chaotic sequences is good.

From above analysis, it can be seen that the sequences generated by the map coming from
topological conjugacy transform have good cross-correlation and auto-correlation property,
moreover because of the sensitive dependence on their initial value, a large number of
uncorrelated, random-like, yet deterministic and reproducible sequences can be generated.
Through topological conjugacy transform, a large number of chaotic maps can be generated by
Kent-Map theoretically, and the sequences generated by those maps are suitable for being used
as spread-spectrum sequences.

2. Example and Simulation

In this part we will give an example and simulation result.

Select odd function 3)( xxh = , h(x) is also a homeomorphism, from Equ.2, we can get

3 31 21 xhfhg −== −oo        (11)

The Equ.11 is the chaotic map topological conjugacy to Kent-Map. From Equ.4 the probability
density of its orbit is

2
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2
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ρ        (12)

From above analysis, it can be seen that the sequences { )(),sgn( 1 nnnnn xgxxaa == + }

generated by above map g have good correlation properties.

We have simulated the correlation properties of sequence generated by Equ.11. The length
of sequence is N=2048, the correlation interval is M=1000, the initial value x0 is selected

random. The result of simulation is as Fig .1 and Fig.2. From the result of simulation it can be

seen that the theoretical analysis above is correct.

Fig 1 The auto-correlation property of chaotic sequence



Fig 2 The cross-correlation property of chaotic sequence

3. Conclusion

This paper proposes a method generating spread-spectrum sequences by creating chaotic

maps topological conjugacy to Kent- Map, and analyses the correlation property of the chaotic

spread-spectrum sequences. From theoretic analysis and result of simulation, it can be drawn a

conclusion that the correlation properties of the chaotic sequences generating by this method are

desirable, and the sequences are suitable for being used as spread-spectrum sequences in direct-

sequence spread-spectrum communication system.
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