
 
 

ITC/USA 2002 
 

INTERNATIONAL TELEMETERING CONFERENCE  
 
 
 

THEME: “A Foundation of Intelligent Systems” 

 

 

 

OCTOBER 21-21, 2002  
 
 
 
 

SPONSORED BY  

  
 

INTERNATIONAL FOUNDATION FOR TELEMETERING  
 
 
 
 
 
 

TOWN & COUNTRY HOTEL  
AND CONFERENCE CENTER 

SAN DIEGO, CALIFORNIA  
 
 
 

2002 
VOLUME XXXVIII  

 
 



 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Copyright   INTERNATIONAL FOUNDATION FOR TELEMETERING, 2002.
  
 

All rights reserved with exception of note below:  
 

NOTE: "U.S. Government-All rights Reserved" in the Table of Contents indicates that no copyright may be 
claimed on these papers. The copyrighted symbol on the first page of so indicated papers is there for 
identification purposes ONLY. Special arrangements have been made for internal company use of some papers.  

 
Printed in U.S.A  

 



ITC/USA Staff 

 
A special thanks to all of the staff volunteers and their respective sponsors for supporting 
the effort to stage and run this annual conference and for bearing the costs and inconvenience 
incurred in planning and completing this endeavor. Your commitment is greatly appreciated. 
Stephen Horan, ITC General Chairman 
 

 
Front Row (l to r): Adrian Hooke, Norman Lantz, Stephen Horan, Michael Rice, Larry Freudinger 
Middle Row (l to r): Vivian Shelton, Vickie Reynolds, Diana Bladen-Tufts, Tomas Chavez, Thomas Berard, Keith Wilson, Andrea South 
Back Row (l to r): Scott Davis, Shane Woolridge, John Jensen, Michael Gaines, Chuck Buchheit 
 

Volunteer   Responsibility    Sponsor 
 
Stephen Horan   General Chairman     New Mexico State University 
Michael Rice   Technical Program Chairman   Brigham Young University 
Keith Wilson   Exhibits Chairman     L-3 Telemetry-West 
Andrea South   Executive Assistant    New Mexico State University 
Clifford Aggen   Student Papers     U.S. Navy, Point Mugu 
Rich Bailey  Information Technology    Datum 
Thomas Berard   Short Courses     US Air Force, Edwards AFB 
Diana Bladen-Tufts Information Technology    US Air Force, Edwards AFB 
Chuck Buchheit   CD-ROM Production    Self 
Bernie Cardell   Local Arrangements   Sandia National Labs 
Tom Carll   Press Relations     Astro-Med 
Tomas Chavez   Government Relations    US Army, White Sands Missile Range 
Scott Davis   Publicity      TrueTime 
Wiley Dunn   Exhibits Vice Chairman    L-3 Telemetry-West 
Larry Freudinger   Vice Technical Chairman    NASA, Dryden Flight Research Center 
Dick Fuller   Golf      Saddleback Sales 
Michael Gaines   On-Site Registration    Astro-Med, Inc. 
Karen Garrison   Spouses Program     Self 
Judy Gilman   Advertising     Veridian 
Adrian Hooke   Vice General Chairman    Jet Propulsion Laboratory, NASA, 
Bret Jacobson   Information Technology    US Navy, China Lake 
John Jensen   Treasurer     US Army, White Sands Missile Range 
Norman Lantz   IFT Board Representative    Aerospace Corporation 
Joanne Michael   Press Relations     Avtec 
Colleen Perry   Advertising     DSPCon 
Vickie Reynolds   Short Courses     US Army, White Sands Missile Range 
Michael Scardello   ETC/ETTC International Relations   Spiral Technology, Inc. 
Vivian Shelton   Publicity      L-3 Telemetry Group  
Dan Skelley   Presenter Preparation    US Navy, Pax River 
Mark Smedley   On-Site Registration    US Navy, Pax River 
Thai Takeuchi   Information Technology    US Navy, Point Mugu 
Shane Woolridge   Advertising     Apogee Labs 



INTERNATIONAL FOUNDATION FOR TELEMETERING 
BOARD OF DIRECTORS  

 

 
 

 
Top Row: 
Lawrence R. Shelley, Director (Computer Science Corporation); Ronald D. Bentley, Director, 
(Sandia National Labs); John F. Gehrig, Director (OSD, DOT&E); Dr. James A. Means, 
Director, (SRI); Dr. Joe G. Hoeg, Director (Navy)  
 
Bottom Row: 
Leslie L. Bordelon, Director (Air Force Flight Test Center); John C. Hales, Secretary (Boeing 
Commercial Space); Charles L. Buchheit, President (Self); Vickie S. Reynolds, 
Treasurer/Assistant Sec. (Army, White Sands Missile Range); Norman F. Lantz, 2nd Vice 
President (The Aerospace Company) 
 
Not Shown: 
John V. Bolino, Director (OSD/DOTE); Lawrence J. Schilling, NASA Liaison (NASA Dryden); 
D. Ray Andelin, Director Emeritus (Self); Victor W. Hammond, Director Emeritus (Self); 
Thomas J. Hoban, Director Emeritus (Self) 



Welcome to ITC/USA 2002

On behalf of the entire ITC staff, we welcome you to the 38th annual International
Telemetering Conference (ITC/USA 2002). This year, we are highlighting the
universities supported by both the conference and the International Foundation for
Telemetering: Brigham Young University, New Mexico State University, the
University of Arizona, the University of California, Santa Barbara, and the University
of Missouri-Rolla. We hope you get the chance to visit with the faculty and students
and learn how these institutions are applying modern telemetry principles. And we
invite you to join us for the Keynote Luncheon, where Mr. Gil Moore, a veteran of 55
years in the space field, will describe Project Starshine and the ways this program
directly involves students in science and technology.

The theme for the conference this year is “Telemetry – A Foundation of
Intelligent Systems.” A major part of future intelligent systems will undoubtedly
be the inclusion of wireless personal area networking technology for small-scale
data networks as well as for part of the overall Internet structure. Our conference
will open by having the members of the Blue Ribbon Panel develop this theme with
presenters discussing infrared networking, IEEE 802.11, Bluetooth, and
ultrawideband. These discussions will occur immediately following the opening
ceremony and are sure to provide an excellent opportunity for you to acquaint
yourself with the capabilities of this emerging technology.

In terms of the technical program, we are pleased to announce two new short courses
this year on Vibration and Shock and Antennas. These round out our 11 one-day short
course offerings, which cover basic technology through specialized applications. In
addition to short courses, the technical program will include technical sessions on
traditional telemetry-related topics as well as special sessions consisting of invited
papers on Software Radio Technology, Multiple Antenna Systems, and Range Safety.
Approximately 100 technical papers will be presented at the show, and we
encourage you to take in the best paper from the regular sessions and the best
student paper. These will be announced at the opening ceremony.

As always, technical exhibits are an important complement to our technical
program and can be found in both exhibit halls at the Town and Country Convention Center. These exhibits will
give participants the chance to learn about the very latest technology and services. We thank all of our
exhibitors for their support of the conference as well as the companies that enhance the conference through their
generous support of our sponsorship program.

A conference of this size and scope would not be possible without the dedication and efforts of the entire staff.
The ITC is honored to have a staff of volunteers who make this conference a great success each year. We thank
not only these volunteers, but also the companies, government agencies, academic institutions, and the self-
supported private individuals who make it possible for the staff members to participate. We ask you to please
join us in thanking these volunteers for their professionalism and for a job well done.

Stephen Horan, ITC General Chairman
Michael Rice, ITC Technical Chairman

Stephen Horan
ITC/USA 2002 General

Chairman
New Mexico State University

Michael Rice
ITC/USA 2002 Technical

Program Chairman
Brigham Young University

University



ITC/USA 2002 EXHIBITORS (as of July ‘02)

AACOM Systems
Acra Control
Acroamatics, Inc.
Aerospace Corp
Ampex Data Systems
Corporation
Ampol Technologies
Apogee Labs, Inc.
Astro-Med, Inc.
Avalon Electronics, Inc.
Avicore (formerly Enertec)
Avtec Systems
Brandywine
Communications
Brigham Young University
Calculex, Inc.
Clear-Com Intercom Systems
CMC Electronics Cincinatti
Comtech PST
Consultative Committee for
Space Data Standards
(CCSDS)
Data General Corporation -
A Division of EMC
Data Security, Inc.
Datron/Transco, Inc.
Datum - Timing, Test &
Measurement
Delta Information Systems
Dewetron, Inc.
DSPCon
Edwards AFB, 412
Instrumentation Division
Edwards AFB, 412 Range
Division

Emhiser Research, Inc.
ENSCO, Inc.
ESE
ETTC
Freeman Computer Sciences
Center
GDP Space Systems
Global Microware Systems,
Inc.
Haigh-Farr, Inc.
Herley Industries
Honeywell Space Systems
IN-SNEC
Instrumentation Technology
Systems
Integral Systems, Inc.
Jackson & Tull (SmarTech
Division)
JT3
Kontron Mobile Computing
Korea Aerospace Research
Institute (KARI)
KSI
L-3 Communications
Telemetry-West
L-3 Communications
ESSCO/EMP Systems
L-3 Communications Storm
Control Systems
L-3 Communications
Telemetry-East/Microdyne
Lumistar, LLC
M-Systems
M/A-Com
Malibu Research

Metrum - Datatape, Inc.
(Sypris Systems, Inc.)
NASA Dryden Flight
Research Center
Naval Air Systems Team
NetAcquire Corporation
New Mexico State University
Orbit CT&T, Inc.
Orbital Network Engineering,
Inc.
Pacific Instruments, Inc.
Physical Science
Laboratory/New Mexico State
University
Precision Filters, Inc.
Quad Tron, Inc.
Quintron Systems, Inc.
Range Commanders Council
(50th Anniversary)
Reach Technologies
Reliable System Services
Corporation
REMEC Microwave,
Inc./Humphrey, Inc.
RF Networks
Rotating Precision
Mechanisms, Inc.
RT Logic!
SBS Technologies, Inc.
Smiths Aerospace, Fairchild
Defense
Spiral Technology (Division
of Sparta, Inc.)
Spirent Communications
GSS

Symvionics, Inc.
System Planning Corporation
Systems & Processes
Engineering Corp (SPEC)
Systems Engineering and
Management Company
(SEMCO)
Systran Corporation
TEAC America, Inc./Merlin
Engineering
TECOM Industries, Inc.
Telemetry and
Communications Systems,
Inc.
Teletronics Technology
Corporation
Telex Communications, Inc.
Thales Heim Data Systems,
Inc.
The Math Works
Trompeter Electronics, Inc.
TrueTime, Inc.
Tybrin Corporation
Ulyssix Technologies, Inc.
Universal Switching
Corporation
Veridian Systems
Viasat Satellite Networks
Weibel
Wideband Systems, Inc.
Zyfer, Inc.

Welcome to the best ever ITC/USA exhibits display at the Town and Country Resort and Convention Center
in beautiful San Diego. This year’s conference features a strong technical program and expanded short course
offerings to attract attendees from all areas of the telemetry industry.

Each year’s conference is challenged to exceed the magnitude and quality of the exhibition before it. And this
year’s show promises to continue the trend of past successes, with 245 exhibits featuring products from premier
industry players in the telemetry market. Included in the exhibits are major government test ranges, which
add an important technical component to the overall ITC/USA exhibits program.

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. Please mark the date now and

plan to be a participant at this year’s conference.

Exhibitors… if you have not made your exhibit reservation yet, contact me directly at 858-694-7932. ITC/USA 2002 is rapidly
shaping up to be the best exhibition and conference yet. Of the 245 booths available, only 37 are left. Call now – don’t be left out!

Keith Wilson
Exhibits Chairman

EXHIBITORSA Message from the Exhibits Chairman



 
 

Chuck Buchheit 
Board President 

International Foundation for Te lemetering 
 

Once again it is my pleasure to write a few words of introduction to the International 
Technology Conference – oops, I mean the International Telemetering Conference. But 
maybe I’m not so far wrong. Telemetering is a process that employs a wide range of 
technologies which, perhaps, we have not done a good job of acknowledging in the past. 
Telemetering involves multiplexing/demultiplexing, modulating/demodulating, RF and 
optical transmission and reception, data measurement and encoding/decoding, data 
processing, display, and storage, and many other technology areas. Because of the 
complexity/location/movement of some of the systems being monitored by telemetry, 
many of the technologies employed are state-of-the-art and, in fact, push the envelope. 
So, in fact we are a technology conference. Further proof of this is demonstrated by the 
diversity of the products and processes displayed by our exhibitors and through a review 
of the technical papers published in our proceedings. 
 
Both the members of the board of the International Foundation for Telemetering, and the 
International Telemetering Conference committee members work hard to address all 
facets of the telemetering process as it is applied to a diversity of applications from 
wildlife to spacecraft. The purpose of this conference is to address that entire scope and 
to bring you the full range of related exhibits, training for the both the practicing engineer 
as well as the neophyte, and technical papers. 
 
If you are involved in any of the many facets of telemetering, this is your conference. We 
want it to cover your needs. Please, if you attend, take a moment to tell any of the IFT 
board members or ITC committee members how we are doing and give us your 
suggestions for changes, or volunteer to be a part of future conferences. We are all unpaid 
volunteer members of the telemetering community. We want to make this conference 
series the best possible! 



Blue Ribbon Panel
Tuesday, October 22

Wireless Personal Area Networks

Wireless Personal Area Networks (WPANs) are short-range ad hoc wireless connections between devices
operating in a personal space. A number of usage models exist for WPANs, including device-to-device data
exchange, real-time multimedia, device control, and network access. Mobile devices that implement these usage
models are generally constrained by a number of factors, including power consumption, bandwidth, CPU,
memory, signal range, and security. Current technologies that attempt to meet these constraints while
accommodating the aforementioned usage models include radio frequency technologies such as WiFi (802.11b),
Bluetooth and ultrawideband, and infrared solutions such as IrDA. Our Blue Ribbon Panel will discuss todayÕs
wireless personal area network technologies and offer insight into where weÕre headed in the future.

Moderator:

Dr. Charles D. Knutson
Assistant Professor,
Computer Science Department
Director, Mobile Computing Lab
Brigham Young University

Dr. Charles D. Knutson is an assistant professor of computer science at Brigham Young University in Provo,
Utah.  He is the former vice president of research and development at Counterpoint Systems Foundry, Inc. (a
subsidiary of Extended Systems, Inc.), the world’s leading provider of short-range wireless data
communications software and tools for embedded systems.  He served for two years as the chair of the Test and
Interoperability Committee of the Infrared Data Association (IrDA).  Dr. Knutson’s articles have appeared in
Portable Design Magazine, Communication Systems Design, Embedded Systems Programming, Byte, PC
Computing, InfoWorld, and other industry and academic publications.  Dr. Knutson holds a Ph.D. in Computer
Science from Oregon State University.

Panelist:

Dr. Roberto Aiello
CEO
Discrete Time Communications

A recognized leader in the ultrawideband community, Dr. Aiello is a consultant and founder and CEO of
Discrete Time Communications.  Previously, he was founder, president, and CEO of Fantasma Networks, an
ultrawideband (UWB) product company that in less than one year year grew to be one of the recognized leaders
in UWB technology. Prior to Fantasma, Dr. Aiello joined Interval Research in 1996 to work on advanced
wireless technologies, where he built the first documented UWB network.  He previously held senior positions
at the Stanford Linear Accelerator Center (SLAC) and the National Superconducting Super Collider Laboratory
in Texas.  Dr. Aiello holds a Ph.D. in Physics from the University of Trieste.  He has authored 20 patents on
UWB technology.



Panelist:

Mr. Ron Brown
Executive Director
Infrared Data Association (IrDA)

Ronald J. Brown has been executive director of the Infrared Data Association since February 1, 2001.  Mr.
Brown has a wealth of senior management experience with a variety of technology developers, manufacturers,
and resellers.  His resume includes key positions with IBM, Transamerica Computer Company, Osborne
Computer, Businessland, ComputerLand, and Notable Technologies.  Additionally, Mr. Brown was CEO of
Personal Solutions and a business development consultant to Cross Check, Inc.

For the last two years, Mr. Brown has been the leader of the IrDA IrFM (Financial Messaging Special Interest
Group) or IrDA Point and Pay, which is nearing completion of the development of a global wireless standard
for Òelectronic walletÓ purchases at the point of sale. This standard will set the usage model and application
implementation for future development of digital payment systems.

Panelist:

Mr. Larry Mittag
Vice President and Chief Technologist
Stellcom, Inc.

Larry Mittag has more than twenty years of experience with embedded systems design and development.  He is
one of the leading experts in the field of embedded systems and the embedded Internet, and he is often invited
to lecture and consult on these topics in the U.S. and abroad.  Mr. Mittag is a regular class instructor for the
Embedded Systems Conferences (including a very popular class on 802.11 wireless LANs) and is a
longstanding member of their Advisory Committee. He is also a contributing editor for Embedded Systems
Programming and writes a monthly column for Communication Systems Design, as well as articles for other
leading business and technology publications.  Mr. Mittag holds a B.S. in Physics and Education from Wright
State University.

Panelist:

Mr. Darrell Simms
Director of Business Development
TROY Wireless

Darrell Simms is the director of business development for TROY Wireless, a leading provider of Bluetooth and
802.11b connectivity solutions.  Mr. Simms was responsible for initiating the companyÕs move into the
wireless market and is recognized as an industry spokesman for short-range wireless connectivity applications.
Prior to TROY, Mr. Simms worked for Hewlett-Packard, where he was product manager for LaserJet 2100
printer connectivity and business development manager for the Information Appliance division.  He previously
worked eight years at IBM and also has management experience with CH2M Hill and the City of Portland
Oregon.



Conference Luncheon and Scholarship Awards Keynote Address

Wednesday Lunch, October 23

PROJECT STARSHINE:
A Look at How One Academic Project Has

Motivated Thousands to Explore Science and Technology

Mr. Gil Moore is celebrating his 55th year in the space field by
preparing to fly the fourth and fifth in his Starshine series of
educational satellites. In his early days as an engineering student
employee of New Mexico State University’s Physical Science
Laboratory at the White Sands Proving Ground, he was
privileged to associate with Wernher von Braun, James Van
Allen, Clyde Tombaugh, and Fred Whipple. Inspired by these
legendary figures, Moore graduated with honors from NMSU in
1949 and pursued an engineering and academic space career
spanning five decades at New Mexico State University, Thiokol
Corporation, Utah State University, and the U.S. Air Force
Academy.

Over the past twenty-five years, he and his wife, Phyllis, have
sponsored the flight of four Get Away Special canisters of
undergraduate college student experiments, three high school
Shuttle Student Involvement Project mid-deck locker
experiments, and six student satellites. Since his retirement in
1997, the Moores have devoted their full attention and financial

resources to the Starshine project, which has involved over 100,000 children in 1,000 schools in 43 countries to
measure the effects of solar storms on the earth’s upper atmosphere and, thereby, rates of satellite orbit decay.

At the Keynote Luncheon Address, Mr. Moore will describe Project Starshine and the many ways this vital
program inspires students to explore science and technology.



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.



INTERNATIONAL CONSORTIUM FOR TELEMETRY SPECTRUM 
 
The frequency spectrum allocated for telemetry purposes is increasingly at risk of 
reallocation to other purposes. For the aeronautical and astronautical communities, the 
main present threats are from the mobile satellite services (MSS), the personal 
communication services (PCS) and the digital audio broadcast satellite services (DBS). 
Other safety critical telemetry applications, such as missile termination, launch vehicle 
command/destruct, bio-medical and industry use are also under threat from terrestrial 
broadcasting applications. 
 
For the users, the application of radio telemetry is safety-critical or mission critical to the 
development and sustainment of the economic and security imperatives of many nations. 
But the importance of telemetry is little known or understood outside the user, 
engineering and test community. Strong political backing is not existent and a cohesive 
advocate group at regional and world radio-communications conferences is lacking. 
Currently, the impacts of potential spectrum losses to the telemetering community are not 
adequately considered, consolidated or represented. This needs to change. 
 
Therefore an international group has been established to help consolidate impact 
statements and to advocate the protection of spectrum that is critical to continuing 
telemetry application. 
 
The initial steps taken to establish the International Consortium on Telemetry Spectrum 
(ICTS) were presented at a special workshop of the European Test and Telemetry 
Conference (ETTC) in Paris on 10 June 1999 and this was followed by a special 
workshop of the European Telemetry Conference held 30th May 2000 at Garmisch-
Partenkirchen in Germany. The Charter and Bylaws were formally accepted and 
approved by the International Foundation for Telemetering Oct 25, 2001. The IFT at that 
time became the ICTS sponsoring organization. 



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 Status

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.  This year, Dr. DeLeon was granted
tenure by NMSU.  Other faculty members associated with the program are Dr. Deva
Borah in digital communications, Dr. Charles Creusere in image processing, and Dr. Ray
Lyman in digital communications.  This year, Dr. Creusere received a National Science
Foundation Career Award to build his program in audio compression technology.

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
2002-2003 academic year scholarships for will be presented at the ITC Conference.
Three of the 2001-2002 scholarship winners, Kendall Mauldin, Michael Jourdan, and
Gina Orosco also received summer cooperative education appointments at the NASA
Dryden Flight Research Facility, the Jet Propulsion Laboratory, and the Department of
Defense, respectively.

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.  Faculty and students from NMSU have submitted several papers to the
conference, including three student papers.  Two faculty members are session chairs at
the Conference and Dr. Stephen Horan is the ITC 2002 General Chairman.

IV. Educational Programs

During the 2001-2002 academic year, the program began developing a formal senior-
level capstone design classroom laboratory at NMSU.  This capstone classroom
laboratory received support from the IFT in the form of a grant to supply a teaching
assistant, laboratory computers, and tools and supplied for the capstone design lab.  The



first class in the laboratory developed the basic hardware, software, and data architecture
for a space shuttle hitchhiker payload.  The Telemetering Program faculty members have
received approval to conduct design classes featuring the robot soccer project for the next
two academic years.

Both Dr. Stephen Horan and Dr. Frank Carden have published second editions of their
telemetry text books in 2001-2002.  Both texts have received major enhancements from
their initial editions.

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

Faculty and students completed 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 were assembled and tested at New Mexico State University for integration with the
rest of the satellite.  The three nanosatellites were completed and delivered to the Air
Force in January 2002.

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
modulation techniques, signal processing, and protocol performance evaluation.  Other
faculty research program support comes from the Air Force and the Navy on signal
processing and image processing applications.

These activities for the program can be found on the Web at http://telemetry.nmsu.edu/.
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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 has been focusing on preflight testing of two CubeSats for launch from Baikonur,
Kazakhstan, in November 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.

CubeSat 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.

The second CubeSat will carry an experiment to provide radiation dose and dose rate information as well as
threshold voltage values from which the performance of developmental semiconductor devices can be determined.  Future
plans include sending CubeSats to study atmospheric conditions on Mars.

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 and numerous industrial mentors on these three projects.

The University of Arizona Solar Racing Team 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 developed
an all-new solar powered vehicle, Monsoon, incorporating the lessons learned from Daedalus.  Monsoon won the stock
class in the American Solar Challenge, a 2300-mile journey from Chicago to Los Angeles, in July 2001.
Current and Future Activities

Participation in the student satellite project continues.  A team of 4 senior students has designed and built a new
telemetering system with higher data rates for next generation CubeSats.  A second team designed and built a new power
supply system featuring optimum use of 1 to 6 solar panels, high efficiency voltage regulator and battery charging circuits,
and lithium ion batteries.  A third team is designing next generation radios.

Work has already begun on a new solar car for open class entry in the 2003 American Solar Challenge and World
Solar Challenge.

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 (www-isl.ece.arizona.edu/~soccer/).
Personnel

Dr. Larry Schooley continues as the International Foundation for Telemetering Professor of Electrical & Computer
Engineering. The IFT Fellow for academic year 2001-02 was Andrew Eatchel, a Ph.D. student interested in remote sensing,
and Andrew Lookingbill is the fellow for 2002-2003.  The undergraduate scholarships for 2001-2002 were awarded to
Rushabh Kamdar and Jason Patel.  Awards for 2002-2003 are in progress as of this writing.

Several of our younger faculty have become involved in activities related to telemetering.  Dr. Hugh Barnaby is
involved in the CubeSat radiation effects experiment.  Dr. Michael Marefat continues to mentor students on the computer
vision and artificial intelligence aspects of the robot soccer project. Dr. Hal Tharp has mentored the CubeSat power team.
Dr. Chris Walker is mentoring a senior project team developing next generation radios for future CubeSats.  Dr. Michael
Marcellin has developed a short course in image compression that was taught at ITC/USA 2001 and 2002.



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.
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The BYU Telemetry Laboratory was established in 1997 through contributions from the
International Foundation for Telemetering and the College of Engineering. Continued
support from the IFT and donations from individuals and corporations form the IFT
Endowment Fund. The revenue generated by the Endowment Fund complement the
research funding provided by the Air Force Office of Scientific Research, the Air Force
Advanced Range Telemetry (ARTM) program, the Air Force Science and Technology
Program, NASA, and NSF. This year, the lab supports 5 PhD students and 4 MS students
doing research on multipath mitigation for advanced spectrally efficient waveforms,
space-time coding, and software radios.

The undergraduate activities
associated with the BYU
Telemetry Laboratory include the
Robot Soccer design competition
and the Software Radio
competition. In the robot soccer
competition, teams of 4 students
each design and construct soccer-
playing robots that compete in an
end-of-the-year soccer
competition. The robots are
autonomous; the controlling
program uses images captured
from a video camera placed over

the field and sends commands to the robots over a wireless link to execute their game
strategy. IFT funds are used to purchase supplies for the competition and the award
money. Ten teams competed in the Spring of 2002. Micron and National Instruments
provided additional support. A demonstration of the robot soccer competition will be on
display at the BYU booth in the exhibits hall.



In the software radio competition, teams of
4 students each design an RF front end and
program a DSP evaluation board to act as
a receiver/demodulator system. The RF
front ends are constructed using a
combination of Mini-Circuit parts and
custom designs. The DSP evaluation board
is equipped with a dual channel A/D
converter and a software development
platform. Bit error rate test sets are used to
monitor the demodulator output. For the
competition, the team that maintains a bit

error less than 10-4 at the greatest distance from the transmitter is declared the winner.
This past year, 4 teams competed in a QPSK project. L-3 Communications
Communication Systems-West, Microdyne, and Boeing provided support for the
competition.



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.

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.
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Faculty Advisors:  Ronald A. Iltis and Hua Lee
{iltis,hualee}@ece.ucsb.edu

Website:  www.engineering.ucsb.edu/~tcrg

Overview

The Telemetry Center at UCSB was initiated in 1999 with funding from the International
Foundation for Telemetering.  IFT support has primarily been used to construct a wireless
testbed for various telemetry and wireless communications-related projects.  The seed
funding from IFT has led to significant new support from Federal, State of California,
and industry sources.  The primary research topics and sponsors of the UCSB Telemetry
Center are

1. Terrestrial radiolocation using direct-sequence (DS) spread-spectrum signaling.
(DARPA and IFT.)

2. New synchronization algorithms for DS-CDMA and GPS applications. (NSF and
ONR)

3. Smart antenna algorithms for GPS anti-jam and frequency-hopping communications.
(ONR, Cubic Defense Systems,  Samsung Electro-Mechanical.)

4. Development of an ad-hoc frequency-hopping wireless network using the TI TRF6900
radios. (Cubic Defense Systems)

The major hardware purchased for the testbed is as follows.

1. Two Pentek 4291 Quad-DSP boards with A/D and D/A converters.  These boards each
provide 4 GFLOPs (pipelined).

2. Pentek 6250-300 FGPA board (interfaces to the 4291).  This includes two 3 million
gate Xilinx Virtex devices.

3. Two TI 6201 EVM one TI 6701 EVM boards.  These boards interface to the TRF6900
radios for implementation of frequency-hopping and medium access control.

Specific research topics are now described in more detail.

Radiolocation  (Sponsors:  DARPA and IFT)

This project involves radiolocation based on handshaking DS-CDMA protocols.  The key
problem is estimation of signal time-of-arrival (TOA), which establishes ranges between
nodes.  Due to the near-far effect, the estimation of  TOAs from multiple reference nodes



(radios) cannot be accomplished by conventional matched filters.  UCSB has developed a
novel Generalized Successive Interference Cancellation (GSIC) technique for multiuser
channel and TOA estimation in this application.

The GSIC algorithm for flat-fading channels has been implemented in the Pentek
4291 processor.   A more sophisticated GSIC algorithm for frequency-selective fading
channels is currently being implemented in the 4291, and will eventually use the Pentek
6250-300 FPGA board for faster processing.

Frequency-Hopping Wireless Networks

In this project, three wireless nodes based on the TI TRF6900 radio are under
construction for operation in the 900 MHz ISM band.  The hop rate, hopping frequencies,
and medium access control (MAC) are implemented in the TI 6201 EVM board, which is
interfaced via the MCBSP to the TRF6900.  As of July 2002, the hardware interface has
been constructed, and control of hopping frequency has been demonstrated using the
6201/6900 combination.

Synchronization Algorithms for DS-CDMA and GPS

Current efforts are focusing on new particle filtering algorithms (e.g. Mean-Value
Theorem Particle Filter (MVT-PF)) for code synchronization in direct-sequence CDMA
and GPS applications.  The MVT-PF is a new approach to nonlinear filtering, that
includes the extended Kalman and Gaussian Sum Filters (GSF) as special cases.  The
MVT-PF has been shown to outperform the GSF in the low-SNR GPS application.

Selected Recent Publications Supported by IFT

[1] R. Iltis and S. Kim, “Geometric Derivation of  Expectation-Maximization and
Generalized Successive Interference Cancellation Algorithms with Applications to
CDMA Channel Estimation,” Under revision for publication in the IEEE Transactions on
Signal Processing.

[2] R.A. Iltis, “Robust Channel Estimation using the Hybrid Particle Filter,”  Proceedings
of the Asilomar Conference on Signals, Systems and Computers, Pacific Grove, CA,  pp.
1512-1515, Nov. 2001.

[3] S. Kim, T. Pals, R. Iltis and H. Lee, “CDMA Multipath Channel Estimation using
Generalized Successive Interference Cancellation Algorithm for Radiolocation,”
Proceedings of the Conference on Information Sciences and Systems, Princeton, NJ,
March 2002.

[4]  K. Kim and R. A. Iltis, “Joint Detection and Channel Estimation Algorithms for QS-
CDMA Signals over Time-Varying Channels,” IEEE Transactions on Communications,
Vol. 50, pp. 845-855, May 2002.
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ABSTRACT 
 

Feher Keying (FK) signals are clock shaped baseband waveforms with the 
potential to attain very high spectral efficiencies. Two FK signals which have different 
level rectangular waveforms (named as FK-1) or sinusoidal waveforms (named as FK-2) 
for two binary symbols are considered in this paper. These signals have periodic 
components in the time domain. Therefore they have cyclostationary properties. This 
means that spectral correlation exists in the frequency domain. For each type of 
waveforms, spectral correlation has been investigated. FK signals can be expressed 
mathematically into two parts in the frequency domain – discrete part and continuous part. 
The discrete part has one or more discrete impulse(s) in their spectra and the continuous 
part has periodically the same shape of harmonics in their spectra. The correlations of  
their spectra have been obtained mathematically and by simulation. It is shown that FK 
signals have high correlation related to the symbol rate. 

Finally, some suggestions how these properties can be used to improve their 
performance by devising better demodulators are discussed. These properties can be used 
for interference rejection at the receiver, which results in low bit error rate performance. 

 
KEY WORDS 

 
Feher Keying (FK), autocorrelation, power spectral density (PSD), cyclostationarity, bit 
error rate (BER) 



I.   INTRODUCTION 
 
Well tailored waveforms are essential for efficient digital communications. Several 
parameters can be considered to evaluate efficient communications – spectral efficiency, 
power efficiency, symbol error rate, system complexity for implementation, etc.. Among 
these waveforms are Feher Keying (FK) waveforms [1]. In these signals, clock is shaped 
according to the incoming data. Therefore they are called clock shaped. So far, two 
waveforms are suggested: rectangular shaped is named as FK-1 and sinusoidal shaped is 
named as FK-2 with different levels according to data values. These have the potential to 
attain very high spectral efficiency [2],[3].  In this paper, these two binary waveforms – 
FK-1 and FK-2 – are considered to analyze their properties. The waveforms are shown in 
Fig. 1.. 
 
Data communication signals have periodic characteristics because information data are 
transmitted periodically while synchronized with clock signals. Therefore the transmitted 
signals have cyclostationary properties. This means that in the frequency domain, the 
spectrum has one or more impulse(s) at the clock frequency (or symbol rate) and is 
correlated to the symbol rate. In this paper, for FK clocked waveforms, how these 
cyclostationary properties work and can be interpreted and how these properties can be 
utilized to have better performance are described. 
 
FK-2 signal has one impulse at the symbol rate frequency and the same shape harmonics 
in its spectrum while FK-1 has periodic impulses at the multiples of symbol rate 
frequency. The autocorrelations of these spectra have been investigated.  
 
For the conclusion, some suggestions how we can utilize these correlations are proposed. 
 
 
II.  MATHEMATICAL REPRESENTATION AND NUMERICAL EVALUATION 

OF GENERIC DIGITAL COMMUNICATION SIGNALS 
 

A.  Mathematical Representation of Baseband Waveform of Digital 
Communications 

 
Mathematical representation of binary baseband waveforms in the time domain 
 

Let g0(t) and g1(t) be the waveforms for state 0 and state 1 respectively in a binary system 
which has the probability of state 0, ρ. Then most baseband waveforms for specific data 
string is expressed as: 

 

 s(t) = ∑ ∏
∞

−∞=

−
n

Sn nTta )(        (1) 

 
where an is 
 

g0(t – nTS) for binary 0 

 an    =  
g1(t – nTS) for binary 1 



 
and 
 

 ∏ )(t  = rect(
ST
t )  

 
and TS is the symbol duration. 
 

Power spectral density for binary waveforms 
 

Power spectral density for binary signals can be derived as [4] 
 

PS(f) = 2 fS ρ (1 – ρ) | G0(f) – G1(f) |2 + fS
2 [ρ G0(0) + (1 – ρ) G1(0)]2 δ(f)  

 

  +2 fS
2 ∑

∞

=1m
| ρ G0(mfS) + (1 – ρ) G1(mfS) |2 δ(f – mfS)    (2) 

 
where fs is the symbol rate and G0(f) and G1(f) are the Fourier transformations of g0(t) and 
g1(t), respectively.  As described in [4], this equation is divided into three parts – DC 
component, continuous component, and harmonics.  

 
B. Cyclostationarity of Binary Baseband Waveforms 

 
Wide-sense cyclostationarity can be determined by two properties in the time domain – 
mean and autocorrelation. These have to be satisfied with [5],[6]: 
 
      mean:   E[x(t)] = E[x(t – mTS)]     (3) 
 
and 
 

      autocorrelation:  RX(t + τ) = E[x(t) x*(t – τ)]=E[x(t +mT0) x*(t + mT0 – τ)] (4) 
 
for any integer m. 
 
Means of the binary baseband waveform expressed in (1) at times t and (t – mTS) are: 
 

 E[s(t)] = E[ ∑ ∏
∞

−∞=

−
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Sn nTta )( ]      (5) 

and  

 E[s(t – mTS ) = E[ ∑ ∏
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Sn Tnmta ))(( ].     (6) 

 
Then 
 
 E[s(t)] = E[s(t – mTS )]       (7) 
  
is satisfied. Its autocorrelations are 
 

E[s(t) s*(t – τ)] = E[∑ ∏∏∑ −
i

ji
j

ttaa )()( τ ]    (8) 



and 

E[s(t+mTS) s*(t + mTS – τ)] = E[∑ ∏∏∑ −++
i

SSji
j

jTtiTtaa )()( τ ]. (9) 

 
Then 
 

 E[s(t) s*(t – τ)] = E[s(t+mTS) s*(t + mTS – τ)]    (10) 
 
is satisfied. Therefore with equations (7) and (10) it can be shown that binary baseband 
signals expressed in (1) are cyclostationary. 
 
 

III.  MATHEMATICAL REPRESENTATION OF FK SIGNALS 
 
FK signals can be expressed mathematically in the time domain and in the frequency 
domain as following. With these expressions, cyclostationarity can be tested for FK 
signals.  
 

A. Representation in the Time Domain and Frequency Domain 
 
In the time domain, FK signals can be represented by    
 

 sFK(t) = ∑ ∏
∞

−∞=

−
n

Sn nTta )(       

 
where 
 

A0 pFK(t – nTS)  for binary 0 

 an    =  
A1 pFK(t – nTS) for binary 1 

 
 
where A0 and A1 are constant and 
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T
π    for FK-2.   (11) 

 
In the frequency domain, their Fourier transformations and power spectral densities can 
be taken.  If Fourier transformed signals have spectral correlations, then power spectral 
densities also have these properties.  The power spectral densities (from eq. (2) above) of 
FK signals are expressed as: 
 
 
 
 



PFK(f) = 2 fS ρ (1 – ρ) | G0(f) – G1(f) |2 + fS
2 [ρ G0(0) + (1 – ρ) G1(0)]2 δ(f)  

 

  +2 fS
2 ∑

∞

=1m
| ρ G0(mfS) + (1 – ρ) G1(mfS) |2 δ(f – mfS) 

where G0(f) = A0 J  [pFK(t)] and G1(f) = A1 J  [pFK(t)]      (12) 
 

B. Cyclostationarity 
 

The FK signals presented in this paper have a periodic component in the power spectrum 
density appearing as discrete line(s) which contributes to the cyclostationarity of the signal. In 
this paper, we investigate the cyclostationary properties of two FK signals. The generic details 
of this feature have been analyzed previously by Gardner [6], [7] and collaborators [8], [9], [10]. 
From these studies, a range of possible applications can be devised in which the signal can be 
detected in the presence of noise or other interfering signals [6]. Gardner in his patent [11] 
engineered a frequency-shift (FRESH) filter to shift a MSK type signal to another frequency 
where noise can be rejected.  In the review of literature, other authors cite this feature to 
enhanceperformance of different types of communications systems. Carroll [12] states that 
cyclostationarity may be used to recover a signal modulated onto the periodic parts of a chaotic 
signal. Adlard [13] uses this feature in the structure of a frequency-shift filter (FRESH) to 
achieve interference rejection. 
 
In the time domain, for FK signals the mean and autocorrelation are calculated as follows: 
 

 E[sFK (t)] = 
2
1 [ A0 + A1 ] ∑ ∏

∞
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and  
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         (14) 
 
Then the following can be easily proved: 
 

E[sFK (t)] = E[sFK (t + nTS)] 
 
and 
 

 RSFK (t,τ) = RSFK (t + nTS,τ).       (15) 
 
With the above derivations, it can be shown that FK signals have cyclostationary 
properties. 
 
 
 



C. Spectral Correlation 
 
Most digital communication signals are cyclostationary. Therefore they have spectral 
correlations.  In the frequency domain, autocorrelation can be derived between itself and 
its frequency shifted version with the frequency shift, ∆f: 
 
For the Fourier transform of sFK (t), SFK (f), the autocorrelation is expressed as 
 

 RSFK (f,∆f) =  lim ∫
+

−
∆−

Ff

Ff
dfffSfS

F
)()(

2
1

FKFK    (16) 

    F →  ∞ 

For the power spectral density of sFK (t), PFK(f), the autocorrelation is as follows: 
 

 RPFK(f,∆f) =  lim ∫
+

−
∆−

Ff

Ff FKFK dfffPfP
F

)()(
2
1    (17) 

    F →  ∞ 

In the frequency domain, spectral correlation exists for both Fourier transformed version 
of the signal and its power spectral density. 
 
With thw above equations, FK signals are simulated in the following section. 
 
 

IV.  SIMULATION RESULTS AND INTERPRETATION 
 
Simulation has been done by using System View from Elanix. Power spectral densities 
are shown in Fig. 2. for two FK signals. In this figure, it is shown that there is one spike 
(or impulse) at the symbol rate frequency for FK-2 and for at each multiple of the symbol 
rate frequency for FK-1. The two power spectral densities have discrete and continuous 
components, and the discrete line or lines come from the periodic component introduced 
in the formation of the FK signal. This means that clock information can be extracted to 
be used for symbol synchronization.  Since in the construction of these signals, there is  
this periodic component, these signals have cyclostionary properties. In Fig. 3., it can be 
shown that autocorrelation is periodically repeated with the period of symbol duration in 
the time domain. This means that FK signals have cyclostationarity. 
 
Fig. 4. shows the spectral correlations of the signals.  These curves were calculated and 
plotted by applying the autocorrelation function to the power spectral densities by the 
simulation program.  In FK-1, at the multiples of two times the symbol rate frequency, 
correlations have spikes while in FK-2, at the multiples of the symbol rate frequency 
correlations have them. This means that at the multiples of symbol rate frequency, 
considerable correlation exists. By using this fact, we may extract the information from 
various frequency bands.  
 
Waveforms containing information have correlations in the frequency domain while 
noise or interference does not have correlation.  Since there is a considerable amount of 
correlation between a waveform and its shifted version in the frequency domain, a 



waveform and a correlated frequency shifted version of the same signal can be linearly 
combined to improve the SNR. This feature can be exploited to detect weak signal or 
signal in the presence of noise.  Using this fact, interference can be reduced at the 
receiver with frequency shifted filtering [13].  
 
 

V.  CONCLUSION 
 
In this paper, cyclostationarity is derived mathematically and is tested for two types of 
FK signals by computer simulation. The simulation indicates that both have considerable 
spectral correlations at the multiples of symbol rate frequency. For FK-1, the correlation 
is locally maximized at the multiple of 2 fs, for FK-1 and at the multiple of fs, for FK-2. 
 
Using these properties of cyclostationarity, some of the following may be accomplished: 

- synchronization information can be extracted using spectral correction 
- signal identification and detection and 
- interference rejection as described before. 

 
The above properties can be applied for other digital communication waveforms in a 
similar way. Therefore we can have clues by which more efficient waveforms or 
detection methods at the receiver may be devised. 
 
This paper also introduced ideas for receiver optimization in addition to the work already 
published regarding transmitter design for more general class of clock modulated signals 
[1-3],[15-17]. However, any idea, which has the possibility of far exceeding the 
performance of conventional systems is an excellent choice for further study [14]. 
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SIGNAL PARAMETERS  
Clock : pulse train, f = 10 Hz 
PN Generator: register lengh=10, register tap= 3, L = 210 -1 = 1023  
To make FK#1: 2 square waves of amplitude 1 and 3 V respectively, f = 10 Hz 
To make FK #2: 2 sinusoid waves of  amplitude 1 and 3 V respectively, f= 10 Hz 
 
SYSTEM VIEW COMPUTER SIMULATION PARAMETERS 
Run time =109.2 sc 
Sample rate= 300 Hz 
No. of samples= 32768 
Frequency resolution = Sample rate/ No. of samples = 9.1 10-3 Hz 
Before applying the spectral analysis to the signals, we use the Bartley window. 
Autocorrelation and crosscorrelation were performed with zero padding. 
 

 

Fig. 1. FK signal waveforms in the time domain  of FK-1 and of FK-2. 



 

 
 

a.) b.) 
 

Fig. 2. Power spectral densities of FK signals  for (a) FK-1 and (b) FK-2. 
 

 

Fig. 3. Autocorrelations of FK signals in the time domain for FK-1 and  FK-2 shown only 
for 1 sec of the data. 

 



 
 

 
 

Fig. 4. Autocorrelations of FK signals in the frequency domain for FK-1 and  FK-2. 
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ABSTRACT

This paper will present the results of some experiments with non-coherent, single symbol detection
of pulse code modulation (PCM)/frequency modulation (FM) where the receiver intermediate
frequency (IF) bandwidth is much wider than the bit rate.  The experiments involved varying the
peak deviation and measuring the bit error probability (BEP) at various signal energy per bit to noise
power spectral density ratios (Eb/No).  The experiments showed that the optimum peak-to-peak
deviation was about 0.7 to 0.8 times the –3 dB IF bandwidth and that the Eb/No required for a given
BEP increased as the ratio of IF bandwidth to bit rate increased.  Further, bi-phase-level/FM
performed slightly better than non-return-to-zero-level (NRZ-L)/FM with an ac coupled RF signal
generator and IF bandwidths much wider than the bit rate.

KEY WORDS

Bi-phase-level, non-return-to-zero-level, PCM/FM, peak deviation, IF bandwidth

INTRODUCTION

Sometimes one only needs to transmit a few tens of kilobits per second from a test vehicle.
However, the narrowest receiver IF filter bandwidth at many telemetry ground stations is about
500 kHz.  Therefore, the receiver IF bandwidth may be 10 (or more) times the bit rate which is wider
than optimum for PCM/FM telemetry.  The questions that this paper will attempt to answer include:
what is the optimum peak deviation and code (NRZ or bi-phase (Biφ, aka Manchester)) when the IF
bandwidth is 10 (or more) times the bit rate?

Several authors [1-4] have reported on investigations of the Eb/No required for a given BEP under
optimum non-coherent conditions with bi-phase/FM and NRZ-L/FM.  Tan et al., came up with
optimum conditions for bi-phase/FM of IF bandwidth 1.8 times bit rate and peak-to-peak
deviation/bit rate (h) of about 1.35 which resulted in an Eb/No of about 14.5 dB for a BEP of 10−5

The optimum conditions for NRZ-L/FM are an IF bandwidth equal to the bit rate, a peak-to-peak
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deviation of about 0.7 times the bit rate which result in an Eb/No of about 11.8 dB for a BEP of 10−5.
An additional concern with small peak deviations is the effects of incidental frequency modulation
on data quality.  This topic will not be addressed in this paper.  The published papers I have seen
only looked at IF bandwidth/bit rate ratios of 10 or less.  This paper will present measured results for
IF bandwidth/bit rate ratios in the range of 10 to 100.

TEST RESULTS

The test setup is shown in figure 1.  A bit error test set generated a pseudo-noise signal which was
filtered (with –3 dB point of two times the bit rate for bi-phase-L and one times the bit rate for
NRZ-L, a 4-pole Butterworth filter was used for these tests because it was available) and applied to
the external FM input of an RF signal generator (ac-coupled, -3 dB of about 5 Hz to 10 MHz).  The
RF generator was connected to a FastBit 2000A noise test set that added noise to achieve a
calibrated Eb/No.  The signal plus noise was then applied to a telemetry receiver with internal FM
demodulator.  The demodulated signal was connected to a bit synchronizer and the data and clock
outputs were connected back to the bit error test set.
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Figure 1. Test setup.
gures 2 and 3 show the BEP versus Eb/No for 50 kb/s NRZ-L/FM and bi-phase-L/FM signals with
500 kHz IF bandwidth (nominal –3 dB).  Note that the bi-phase-L signal required a slightly lower
/No for a BEP of 10-5 (17 dB) than did NRZ-L.  The optimum value of h for bi-phase-L was in the
nge of 7 to 8 while the optimum value of h for NRZ-L was 8 (values between 6 and 10 performed
ithin a few tenths of a dB of each other for both codes, an h of 7 corresponds to a peak-to-peak
viation of 350 kHz and a peak-to-peak deviation/IF bandwidth ratio of 0.7).  Additional tests at
1.35 showed that a 3.5 dB larger Eb/No was needed for a BEP of 10-5 with h=1.35 than with h=7.



Figure 4 shows the BEP versus Eb/No for 50 kb/s bi-phase-L/FM with the center frequency offset in
25 kHz steps.  Note that the minimum BEP is at an offset of about 25 kHz and is equivalent to about
a 0.3-dB improvement with respect to no frequency offset.  Figure 5 shows the measured IF filter
response of the filter used for these tests.  Note that the bandpass is slightly offset to the high side
and the mean of the two –3 dB points is 20.025 MHz which matches the measured BEP data.  Figure
6 shows the measured spectrum of the pseudo-random 50 kb/s bi-phase-L/FM signal with a peak-to-
peak deviation of 350 kHz.
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Figure 2. BEP for 50 kb/s NRZ-L/FM.

Figure 3. BEP for 50 kb/s bi-phase-L/FM.



Figures 7 and 8 show the BEP versus Eb/No for 10 k
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Figure 5. 500 kHz IF filter response.
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Figure 7. BEP for 10 kb/s NRZ-L/FM.

Figure 8. BEP for 10 kb/s bi-phase-L/FM.



The optimum peak-to-peak deviation was in the range of 0.7 to 0.8 times the IF bandwidth for all of
the tests.  Figure 10 shows the minimum Eb/No required for a BEP of 10-5 for various IF
bandwidth/bit rate ratios.  The required Eb/No for a BEP of 10-5 only increased by 3 dB for a 10 to 1
change in IF bandwidth/bit rate.  Converting from Eb/No to IF signal-to-noise ratio (SNR) results in
the following IF SNR values: about 7 dB at an IF bandwidth/bit rate ratio of 10 and about 0 dB at an
IF bandwidth/bit rate ratio of 100.
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SUMMARY

1. The optimum peak-to-peak deviation was in the range of 0.7 to 0.8 times the IF bandwidth for all
of the tests (interestingly, the optimum values of peak-to-peak deviation for narrow band
bi-phase/FM and NRZ-L/FM are also in the range of 0.7 to 0.75 times the IF bandwidth).

2. For IF bandwidths of 10 times the bit rate and wider, bi-phase-L/FM had slightly lower BEPs for
a given Eb/No than NRZ-L/FM.

3. Using the optimum peak-to-peak deviation, the required Eb/No for a BEP of 10-5 varied from
about 17 dB with an IF bandwidth of 10 times the bit rate up to 19.7 dB with an IF bandwidth of
100 times the bit rate.

4. With an IF bandwidth of 10 times the bit rate and bi-phase-L code; h=7 performed about 3.5 dB
better than h=1.35.

5. Required Eb/No values with other telemetry equipment will be slightly different but the values
measured during these tests should be close to the values required with current equipment at test
ranges.
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SPECTRAL EFFICIENCY OF 8-ARY PSK MODULATION
UTILIZING SQUARE ROOT RAISED COSINE FILTERING
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ABSTRACT

As frequency allocation restrictions are tightening, and data rates are increasing, it is becoming
necessary to incorporate higher order modulation techniques to make more efficient use of available
spectrum. When used with Square Root Raised Cosine filtering, 8-ary Phase Shift Keyed
modulation is a spectrally efficient technique that makes better use of today’s RF spectrum in
comparison to standard formats. This paper will discuss 8-ary PSK modulation and its spectral
efficiency with a SRRC filter, along with comparisons to BPSK, QPSK, and FSK.
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8-Ary PSK Modulation (8-PSK), Spectral Efficiency, Square Root Raised Cosine Filtering (SRRC)

INTRODUCTION

Presently, there is a trend of increasing data rates for telemetry systems due to the fact that next
generation applications are requiring higher data rates for increasingly complex platforms. This trend
is in direct conflict with the trend of decreasing availability of spectrum. These trends, both of which
are stacked against the telemetry designer, lend to the investigation and development of more
efficient modulation schemes. A modulation scheme that increases data throughput in a given
channel while at the same time providing a robust solution to the system designer is 8-Ary PSK. This
paper will quantify the theoretical spectral efficiency of 8-Ary PSK and then show the impacts that
Square Root Raised Cosine filtering has, along with comparisons to BPSK, QPSK, and FSK.

THEORETICAL SPECTRIAL EFFICIENCY OF 8-ARY PSK

When referring to any communication system one will inevitably mention spectral bandwidth.
However, there is not a universal definition of bandwidth available to keep everyone on the same
page. Some of the many definitions of BW in use include 3 dB BW, 99% power BW, and 60 dB
BW, etc. Therefore, for the following discussions presented, we will assume Nyquist (ideal



rectangular) filtering at baseband. Consequently, the minimum double-sideband (DSB) bandwidth
for PSK systems at an intermediate frequency (IF) is

WPSK = 1/Ts (Hz), (1)

where Ts is the symbol duration. And the minimum double-sided bandwidth for FSK systems at an
intermediate frequency (IF) is

WFSK =M/Ts (Hz), (2)

where M is the symbol set size.

A symbol is formed by combining a group of k bits into a new digit. This digit has a symbol set size
defined as

M=2k. (3)

A symbol set size of M refers to an M-Ary alphabet or system. Accordingly, specific symbol set
sizes have dedicated names. For example, a symbol set size of M = 2 (2-Ary) is referred to as a
binary system and likewise, a symbol set size of M = 4 (4-Ary) is referred to as a quaternary system.
Given the fact that one of M symbols is transmitted every Ts seconds, the data rate in bits/sec can be
expressed as

R = k/Ts = (log2 M)/Ts  (bits/sec). (4)

In digital systems, it is often useful to describe spectral efficiency as a given amount of data bits
transmitted per hertz. Therefore, if a digital transmission scheme transmits a given amount of data
bits, k, in Ts seconds occupying a specific bandwidth, WIF, then the system operates with a spectral
efficiency of

R/WIF = k/(WIFTs)  (bits/sec/Hz) [1]. (5)

Substituting equation (1) into equation (4), one can say that the theoretical spectral efficiency of M-
Ary PSK is

R/WPSK = log2 M.  (bits/sec/Hz). (6)

Hence, we can calculate that the theoretical spectral efficiency of 8-Ary PSK is 3 bits/sec/Hz. In
comparison we can also calculate the spectral efficiency of QPSK (4-Ary) as 2 bits/sec/Hz and
BPSK as 1 bit/sec/Hz. Keep in mind that these spectral efficiencies are only valid in an ideal nyquist
rectangular filtered system.

To compare the spectral efficiency of 8-Ary PSK to other modulation formats, we can look at the
spectral efficiency of M-Ary FSK. To do this, equation (2) is now substituted in equation (5) to
express the spectral efficiency of M-Ary FSK as



R/WFSK = log2 M/(M).  (bits/sec/Hz). (7)

This equation gives a theoretical spectral efficiency of ½ bits/s/Hz for both binary FSK and
quaternary FSK. Notice that as the value of M increases for M-Ary PSK (eq. 6) the spectral
efficiency increases, but as the value of M continues to increases for M-Ary FSK (eq. 7), the spectral
efficiency decreases.

Figure 1.  Bandwidth Efficiency Plane   (© 1993 IEEE) [2]

Figure 1 shows the bandwidth efficiency plane. It is easy to see on this figure that as the value of M
increases for PSK the efficiency also increases, but also at the cost of required signal to noise ratio.
The opposite is observed for FSK systems. However, in FSK systems spectral efficiency is traded
for less required signal to noise ratio. When the telemetry designer is faced with a new design he/she
has to make trades. Thus, with the limitations facing the telemetry designer today (limited bandwidth
and higher data rates), it is easy to see that a high alphabet PSK system must be considered. This
trade is commonly referred to as the power-bandwidth trade. In other words, in bandwidth limited



systems, spectrally efficient modulation can be used at the expense of power and in power limited
systems, power efficient modulation can be used at the expense of bandwidth. [2]

EFFECTS OF SRRC FILTERING ON SPECTRAL EFFICIENCY OF 8-ARY PSK

For the previous discussion, all equations, calculations, and conclusions are based on the assumption
that Nyquist (ideal rectangular) filtering at baseband is used. However, ideal rectangular filters are
not realizable. If any filtering at baseband is done, some excess bandwidth has to be factored in
when calculating the spectral efficiency of any system.

A common band limiting filter used in wireless communication systems is the Square Root Raised
Cosine filter. This filter, when paired with another SRRC filter at the receiver, results in a Raised
Cosine Channel response. This channel when given additional phase and amplitude compensation
will yield no intersymbol interference (ISI). For the limitations of this paper, we will assume that the
phase and amplitude compensation of the channel are implemented at the receive side, although
normally implemented on the transmitter. However, for the analysis of spectral efficiency, the
previous assumption will suffice. Thus, the transmitter will have a SRRC filtered spectrum.
Alternatively, SRRC filtering can be accomplished on bandpass modulation. In either case, however,
the filter allows for some excess bandwidth so that it is realizable in hardware.

The effects of the band limiting filtering can be observed from equation (5). As the occupied
bandwidth, WIF , increases, the spectral efficiency decreases. This holds true for all modulation
techniques.

SRRC filtering is given by the following frequency domain transfer function

(8)

The term α, called the roll-off factor, describes the amount of excess bandwidth the filter allows. As
the value of α approaches 0 (unrealizable), the frequency response of the filter approaches that of a
Nyquist (ideal rectangular) filter. Figure 2 shows the frequency response of a Square Root Raised
Cosine Filter with different roll-off factors.



Frequency Response of SRRC Filter
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Figure 2.  Frequency Response of SRRC Filter with varying α

Figure 2 is normalized to the minimum Nyquist bandwidth, Rs/2. One can see that as the roll off
factor increases, the amount of excess bandwidth also increases. This excess bandwidth must be
factored into the spectral efficiency equation to obtain adjusted results.

Using equation (5) results in M-Ary PSK with SRRC filtering having a spectral efficiency of

R/WPSK-SRRC = k/((1+2*α)WIFTs)  (bits/sec/Hz). (9)

Since WIF is a double sided bandwidth, we must also adjust the baseband excess bandwidth factor,
α, by multiplying by a factor of two. From this equation, 8-Ary PSK then has spectral efficiency of
3/(1+2*α) bits/sec/Hz. In comparison, BPSK has an efficiency of 1/(1+2*α) bits/sec/Hz and QPSK
has an efficiency of 2/(1+2*α) bits/sec/Hz. For this discussion, we are not going to calculate the
spectral efficiency of M-Ary FSK with SRRC filtering, since this modulation technique would not
likely be selected for implementation in band limited systems.



8-ARY PSK SPECTRAL EFFICIENCY EXAMPLE

The CMC Electronics' X-Band Modulator is a high data rate 8-ary phase shift keyed transmitter
designed for use on spacecraft and satellites where a large amount of payload data is required to be
transmitted.  The unit employs a solid-state power amplifier design, capable of delivering 25 Watts
of nominal output power to an externally mounted SRRC filter.  This payload transmitter has the
capability to support data rates reaching 700 Mbps.  The post-modulation bandpass filter (SRRC)
assures containment of the 8-PSK spectrum.  This system currently utilizes a bandpass SRRC
(α=0.8) filter after power amplification to limit the transmitted bandwidth. An α equal to 0.8 yields
an approximate spectral efficiency of 3/(1+2*0.8) bits/sec/Hz or 1.1538 bits/second/Hz.

Additionally, CMC's 8-ary phase shift keyed modulator is simulated in a software package called
System View.  The SRRC filter that is used in the simulated transmitter has an α=0.35 and the input
data rate is 690 Mbps.  The SRRC filtered output of the transmitter is shown in the following figure.
Notice that the system's center frequency is scaled for easier simulation.
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  Figure 3.  8-ary PSK SRRC (α=0.35) Filtered Output Spectrum



From this SRRC (equalized) output spectrum, the occupied bandwidth is calculated by subtracting
the high -60 dB point from the low -60 dB point.  Thus, the calculated spectral efficiency is

R/WPSK-SRRC = (690 Mbps)/(1.42382 GHz - 1.03277 GHz) (bits/sec/Hz). (10)

     = 1.7647 bits/sec/Hz.

Using the theoretical equation, the spectral efficiency is calculated as

R/WPSK-SRRC = 3/(1+2*α) = 1.7647 bits/sec/Hz. (11)

Thus, the spectral efficiency of SRRC filtered 8-ary PSK can be calculated for any value of α.

CONCLUSIONS

This paper presents 8-Ary PSK modulation as a viable spectrally efficient modulation solution for
the telemetry designer. Square Root Raised Cosine (α=0.8) bandpass filtering 8-Ary PSK
modulation yields an approximate spectral efficiency of 1.15 bits/sec/Hz. As briefly presented in
Figure 1, there is a power-bandwidth trade that the telemetry designer has to make along with many
other trades when considering SRRC filtering on 8-Ary PSK. It is recommended that the trades of
power vs. bandwidth, baseband vs. bandpass filtering, and various bandlimiting filtering types be
investigated for an 8-Ary PSK design.

REFERENCES

[1] Sklar, Bernard, “Modulation and Coding Trade-Offs,” Digital Communications:  Fundamentals
and Applications, edition 1, Prentice-Hall, Inc., Englewood Cliffs, New Jersey, 1988, pp. 383-397.

[2] Sklar, Bernard, “Defining, Designing, and Evaluating Digital Communication Systems,” IEEE
Communications Magazine, November, 1993, pp. 92-94.



Biography

Kelly Scheidt graduated from the University of Dayton in 1999 with a Bachelor of Science in
Electrical Engineering.  Since his graduation he has worked at CMC Electronics in Cincinnati
gaining experience in high reliability space grade communications design including but not limited
to high speed digital interfaces, microwave solid state power amplifiers, and microwave filters.



 

 

A DECOUPLED APPROACH TO COMPENSATION FOR 
NONLINEARITY AND INTERSYMBOL INTERFERENCE 

 
 

Raphael J. Lyman and Qingsong Wang 
New Mexico State University 

 
 
 
 

ABSTRACT 
 

To achieve good efficiency in a space-based radio transmitter, its final amplifier must be operated 
near the saturation point, in its nonlinear region.  Because of strict band limitations, this nonlinear 
operation is combined with the problem of intersymbol interference.  Normally, these problems are 
addressed using a combination of equalization and power back-off, resulting in reduced power 
efficiency.  Many proposed receiver-based methods, such as Volterra equalization, attempt to 
compensate for the nonlinearity and ISI in a single block before the detector, allowing higher 
efficiency operation, but introducing a great deal of complexity.  We propose a receiver-based 
method in which the two effects are dealt with in separate blocks, an equalizer and a linearizer, 
resulting in considerable simplification.  We go further and place the detector before the linearizer, 
achieving improved performance by eliminating the errors introduced by the linearizer.  Simulation 
results compare favorably with the performance of a linear AWGN channel. 
 
 

KEYWORDS 
 
Nonlinear, intersymbol interference, equalizer. 
 
 

INTRODUCTION 
 

Space-based radio transmitters are subject to severe power and bandwidth constraints.  To increase 
power efficiency, the operating point of the transmitter�s high-power amplifier is often pushed far 
into the nonlinear region, near saturation, causing significant distortion.  In addition, to control out-
of-band emissions, strong bandpass filtering is applied after the HPA, leading to intersymbol 
interference.  The receiver must therefore deal with a signal affected by a combination of nonlinear 
distortion and ISI, as well as Gaussian thermal noise. 
 
Many approaches for dealing with these effects focus on eliminating or reducing the nonlinearity at 
the transmitter.  Often, the transmitter power is backed off several decibels from the saturation point, 
which reduces the amount of distortion, but also decreases the power efficiency of the HPA.  An 
alternative is to predistort the input to the amplifier so that the cascade of the predistortion with the 
amplifier is more nearly linear [1].  This allows for more power-efficient operation of the HPA, but 
adds complexity and weight to the spacecraft, and also consumes some power on its own. 



 

 

 
Transmitter-based compensation of HPA nonlinearity has a strong appeal, because it deals with the 
problem at the source, leaving the receiver to deal with a more tractable linear ISI problem.  In fact, 
many space-based transmitters incorporate some form of linearization in the HPA.  On the other 
hand, linearization of the transmitter amplifier makes it possible to push the operating point even 
closer to saturation, so that the receiver is still left with the problem of dealing with the residual 
nonlinearity. 
 
Thus, it makes sense to consider ways of compensating for nonlinear ISI at the receiver.  Previously 
proposed approaches include the use of Volterra series equalizers [2], as well as maximum-
likelihood sequence detection [3].  These techniques attempt to compensate for both nonlinearity and 
ISI in a single signal-processing block, leading to a great deal of complexity. 
 
We propose a receiver-based approach that deals with the problems of nonlinearity and ISI in 
separate blocks.  A conventional linear equalizer handles the ISI, and a memoryless linearizer deals 
with the distortion introduced by the HPA.  This leads to considerable simplification of the 
compensating blocks.  Unfortunately, if the equalizer is cascaded with the linearizer before the 
detector, this allows the linearizer to amplify the effects of the Gaussian thermal noise introduced at 
the receiver front end, resulting in poor performance.  To eliminate this problem, we place the 
detector after the equalizer but before the linearizer.  In this case, the detector is matched to a signal 
alphabet that is distorted by the HPA nonlinear characteristic, and chooses the distorted symbol that 
is closest to the received pulse.  Because detection comes before linearization, this eliminates the 
possibility of the linearizer introducing additional errors.  In this way, we achieve a receiver 
performance that is comparable to an optimal receiver in a linear, Gaussian-noise channel. 
 
 

NONLINEARITY AND INTERSYMBOL INTERFERENCE 
 

Consider the channel model of Figure 1.  Here a traveling wave tube serves as the active device in 
the HPA of the space-based transmitter.  A bandpass filter follows the amplifier, in order to limit 
out-of-band emissions.  Finally, the additive Gaussian white noise models thermal effects at the 
input of the receiver. 
 
Depending on the amplitude of the input signal, the TWT introduces both amplitude and phase 
distortion.  These effects may be modeled as [4] 
 

( ) ( )21/2 rrrA +=  (1) 
( ) ( )22 1/60 rrr +°=φ  (2) 

 
where r is the amplitude of the input, normalized to the saturation point, ( )rA  is the normalized 
output amplitude and ( )rφ  is the phase shift.  Graphs of (1) and (2) are shown in Figure 2.  We see 
that the nonlinear effects are increased as the TWT is pushed closer to saturation. 
 
Note that the TWT model reflected by (1) and (2) is memoryless.  That is, the output depends only 
on the current value of the input, and not on any past values.  In contrast, the bandpass filter has 



 

 

memory, but is well modeled as a linear device.  The memory of the filter causes a dispersion or 
�smearing out� of the transmitted symbols, leading to intersymbol interference. 
 
It is important to note that the channel model of Figure 1 does not account for pulse shaping or 
spectral shaping before the TWT amplifier.  Instead, square pulses are assumed.  This simplifies the 
design of the receiver�s matched filter because the pulse shape at the output of the bandpass filter is 
constant (see, e.g., Pupolin and Greenstein [5]).  Ordinarily, a transmitter includes some filtering of 
the HPA input in order to improve the amplifier power efficiency.  We choose the simpler model for 
this demonstration of our approach, and defer detailed modeling of the effects of HPA input filtering 
for future research. 
 
The effect of the radio channel on a 16-QAM transmitted sequence is shown in Figure 3.  The first 
graph shows the signal constellation of transmitted symbols, with the horizontal axis representing the 
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in-phase part and the vertical axis representing the quadrature part.  The nonlinearity of the TWT 
causes a distortion of the constellation, as shown in the second graph.  Note that some of the signal 
points are closer together.  This makes them harder for the detector to distinguish. 
 
The third graph of Figure 3 shows the effect of intersymbol interference introduced by the bandpass 
filter.  Because of the time dispersion and delay of the filter, the value of the signal at a given 
sampling instant is influenced not only by the current transmitted symbol, but also by those that were 
transmitted before and after.  This accounts for the spread that can be seen in the in the sampled 
signal about the distorted constellation points.  Further dispersion of the signal points occurs when 
the Gaussian noise is added.  The fourth graph shows how the combined effects of noise and ISI can 
make it difficult to determine which symbol was transmitted based on the received pulse. 
 
Despite the need for power efficiency, the operating point of space-based transmitters is normally 
backed of several decibels from saturation in order to reduce the nonlinear effects.  The sacrifice of 
efficiency is often tolerable for phase-shift keyed modulation, because the amplitude variations are 
small.  But the need for increased bandwidth efficiency has stimulated interest in higher-order QAM 
alphabets, whose performance is more severely degraded by a reduction in transmitted power. 
 
Some form of predistortion is often used in the transmitter HPA in order to render the cascade 
characteristic more nearly linear.  The most effective of these schemes are adaptive and use feedback 

−1 −0.5 0 0.5 1

−1

−0.5

0

0.5

1

Transmitted Sequence

−1 −0.5 0 0.5 1

−1

−0.5

0

0.5

1

Distorted sequence

−1 −0.5 0 0.5 1

−1

−0.5

0

0.5

1

Introduce ISI

−1 −0.5 0 0.5 1

−1

−0.5

0

0.5

1

Add Noise

 

Figure 3.  Effect of radio channel. 



 

 

of the transmitted signal [1].  Unfortunately this requires the addition of demodulator circuitry on the 
spacecraft, which adds weight, consumes power and results in increased complexity, with its 
attendant reliability issues.  Also, as mentioned in the introduction, even when linearization is used, 
there will remain some residual nonlinearity for the receiver to deal with. 
 
 

A DECOUPLED, RECEIVER-BASED APPROACH 
 

A typical receiver includes a matched filter, a detector and possibly an equalizer, as shown in 
Figure 4.  Normally, the equalizer is used to compensate for the effects of intersymbol interference, 
and does nothing to counteract the nonlinear characteristic of the transmitter HPA.  It is possible, 
though, to model the cascade effect of the TWT with pre- and post filtering as a Volterra series, and 
then attempt to invert this model in the equalizer [2].  Unfortunately, the resulting signal-processing 
algorithm is so complicated that some simplified version is always used.  Another approach is to use 
the output of the matched filter as the input to a maximum-likelihood sequence detection algorithm, 
which combines the functions of the equalizer and detector [3].  This approach offers the possibility 
of optimal performance, but is even more complicated than the Volterra approach. 
 
We propose a decoupled approach, as shown in Figure 5.  The linear equalizer handles the 
intersymbol interference, while the linearizer compensates for the effects of the transmitter 
nonlinearity.  Because the linear bandpass filter at the transmitter introduces the ISI, it is reasonable 
to try to equalize the signal using a linear device.  Also, because the transmit amplifier�s nonlinear 
characteristic is memoryless, the linearizer must simply invert the amplitude and phase distortion 
described by (1) and (2). 
 
Because the detector is placed after the linearizer in Figure 5, we call this outside detection.  Its 
effects are illustrated in Figure 6.  The first graph shows the received signal, with the combined 
effects of nonlinearity, ISI and Gaussian noise.  After the equalizer has removed the ISI, the 
dispersion of the signal about the distorted signal points is reduced.  Next the linearizer inverts the 
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Figure 8.  Effect of inside detection. 
 
This effect is illustrated in Figure 8.  We see again that, after the equalizer removes the intersymbol 
interference, the dispersion of the received signal about the distorted signal points is small.  This 
makes it easier for the detector to decide which symbol was transmitted, as shown in the third graph.  
The linearizer then removes the distortion introduced at the transmitter.  The advantage of this 
arrangement is that, because the linearizer comes after the detector, there is no more residual noise 
for it to amplify.  It will therefore not introduce any additional errors, although it cannot, of course, 
correct any errors already made by the detector. 
 
 

SIMULATIONS 
 
We evaluated the performance of our decoupled approach by simulating a matched-filter detector for 
a 16-QAM modulated signal.  The carrier frequency is 6 GHz, with a bandwidth of 30 MHz and a 
symbol rate of 5.22/1 =T  Mbaud.  The transmit bandpass filter is a fourth-order Butterworth with a 
3-dB bandwidth of 8.24/1.1 ≅= TB  MHz, which would be sufficient to satisfy the FCC emission 
mask [5].  The receiver input filter is matched to the square transmitted pulse shape.  This is 
followed by a five-tap, zero-forcing equalizer. 
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Figure 9.  Performance of decoupled approach. 

 
The graph of Figure 9 shows the bit-error-rate performance of the receiver as a function of 0/ NEb .  
The curve labeled �Outside� shows the performance of the decoupled arrangement of Figure 5.  We 
can clearly see the poor performance caused by noise amplification in the linearizer.  The curve 
labeled �Inside� shows the large improvement that can be achieved by using inside detection, as 
shown in Figure 7, with the detector matched to the 16-QAM alphabet after being distorted by the 
transmitter HPA characteristic (1) and (2).  In this case, performance approaches that of a linear 
additive white Gaussian noise channel.  For reference, the performance of a receiver with no 
compensation for transmitter nonlinearity is included in Figure 9.  This uses the receiver structure of 
Figure 4, with the detector matched to the square 16-QAM alphabet. 
 
By looking at Figure 3, it is not difficult to see that the performance of an AWGN channel cannot be 
approached arbitrarily closely.  This is because the distortion of the transmitter amplifier causes the 
transmitted signal points to be closer together, making it harder for the detector to distinguish them 
after dispersion and noise are factored in.  Thus, the amount of improvement possible using only 
receiver-based compensation is limited. 
 
 



 

 

CONCLUSIONS 
 

In general, a nonlinear, dispersive, noisy communication channel poses a very difficult problem.  
The simplicity of our decoupled approach follows from the fact that, in the channel model of 
Figure 1, the effects of transmitter nonlinearity and bandpass-filter induced intersymbol interference 
are separable.  Indeed, we see that after the transmitter amplifier the channel is completely linear.  
Thus, conventional techniques can be applied effectively to all parts of the problem except the 
nonlinearity itself.  In addition, the fact that the transmitter amplifier characteristic is memoryless 
simplifies the task of correcting for the nonlinearity. 
 
As discussed in the previous section, the performance of a linear AWGN channel cannot be 
approached arbitrarily closely using only receiver-based techniques.  Instead, it would seem that 
some sort of predistortion is necessary before the transmitter amplifier to keep the distorted signal 
points sufficiently far apart.  Thus, it seems likely that effective compensation procedures will 
necessarily involve both receiver-based and transmitter-based methods. 
 
The model of Figure 1 does not account for pulse shaping before the transmit amplifier.  It is clear 
that this would complicate the problem because the linear and nonlinear effects would no longer be 
so easily separable.  How it would affect the performance of our approach is not yet clear.  This is a 
topic for further study. 
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ABSTRACT 

 

This paper presents a motion estimation and correction technique for the 

realization of synthetic-aperture sonar imaging. It utilizes the redundancy 

provided by the multiple-element receiver array and physical-array sub-images 

are used for the estimate the motion errors between adjacent receiver positions 

in the form of phase errors. Subsequently, motion errors can be corrected 

accordingly by making adjustments to the wavefield data samples prior to the 

formation of synthetic-aperture images. 

 

INTRODUCTION 

 

Similar to many other imaging applications, the resolving capability is one of 

the most critical objectives of sonar imaging systems. The resolution limit of 

an imaging system is largely governed by the aperture size and operating 

wavelength. Underwater sonar imaging systems employ acoustic waves for 

illumination, which translates into longer wavelengths and therefore inferior 

resolving capability. To improve the resolution, synthetic-aperture techniques 

are applied for greater aperture spans to compensate for the performance 

limitation constrained by longer wavelengths.  

 



Synthetic-aperture sonar imaging in an ocean environment is complicated 

mainly by medium instability and sonar platform motion perturbations. The 

acoustic velocity in seawater is a function of temperature, pressure, and 

salinity, all of which vary throughout the ocean. Currents, tidal flows, and 

wave motions can disturb the path of the synthetic-aperture scan. Therefore, 

sonar imaging operates in a time-varying medium. Yet, the most critical 

problem, which limits the performance of synthetic-aperture sonar imaging 

systems, is platform instability. 

 

For sonar systems, the improvement of resolving capability is achieved 

through the expansion of aperture coverage by using synthetic-aperture 

techniques. On the other hand, platform motion caused by medium 

perturbations represents a fundamental technical difficulty. To achieve high-

resolution synthetic-aperture sonar imaging, the capability of motion 

estimation and correction has become one of the key components. In this 

paper, we present an effective approach to accurate motion compensation for 

high-resolution synthetic-aperture sonar imaging. This is to utilize adjacent 

physical-array sub-images for the estimation of the motion parameters. 

Subsequently, a perturbation profile can be accurately estimated for the entire 

synthetic-aperture scan period from the sub-image sequence. And then the 

motion profile can be used to make corrections to the image reconstruction 

procedures. The corrections can be made in the form of either adjustments of 

receiver positions, time delay of received waveforms, or phase compensation 

in coherent components of the received wavefield. This paper provides the 

background analysis, modeling for motion estimation and compensation, and 

results of full-scale experiments. 

 

FORMATION OF SUB-IMAGES 

 

When an imaging system is operating in the synthetic-aperture mode, the data 

acquisition is typically conducted along a designated scan path with a single 



transceiver unit. Figure(1) shows the typical operating configuration of 

synthetic-aperture sonar imaging. If motion errors occur, the wavefield 

samples are fully independent so the data set itself does not contain additional 

mathematical constraints to detect, predict, or estimate the motion errors. 

Because of the turbulence in the ocean environment, platform stability is 

limited and motion errors exist as a regular element of the system. For the 

estimation then removal of the motion errors, we need to provide sufficient 

mathematical redundancy to relate the motion parameters to the data samples. 

To do so, the most direct approach is to employ a multiple-element receiver 

array as shown in Figure(1).  The physical configuration of the receivers 

creates the necessary redundancy for motion compensation. 

 

 

 
 

Figure (1): Operating configuration of synthetic-aperture sonar 

 

 

Typical motion parameters consist of six elements, three in the translational 

vector and three in the 3x3 rotation matrix. Therefore, in order to have produce 

sufficient redundancy, the array needs to have a least 6 receiver elements. The 

Sonatech SAS-10 system, which is the platform of the experiment, contains 10 



receiver elements in a linear array. (The next-generation system has 35 

elements.) 

 

In general, motion compensation consists of two major components. The first 

is to translate the redundancy made available by the multiple-element receiver 

array into mathematical constraints. Then an optimization process is 

formulated for the estimation of the motion parameters, either locally or 

globally. Localized motion estimation means the relative motion between two 

adjacent positions is estimated based on the corresponding two data sets. The 

global version is to estimate the entire motion profile for all 6 parameters based 

on the complete scanned data. For simplicity, the technique presented in this 

paper is a special case of the localized motion estimation process. 

 

The subsequent step of the motion compensation procedure is motion 

correction. With the estimated motion errors, corrections can be made to 

normally to the receiver positions. Yet, alternatively, when approximations are 

sufficiently accurate, the corrections can be made to the data such that the 

configuration of the scan path remains the same. The technique we present 

here makes compensations to the data in the form of phase corrections, which 

makes the reconstruction of the overall image more computationally efficient. 

 

In summary, the motion compensation process for this case is to first perform 

motion estimation of the relative motion errors from two adjacent sub-images. 

This means the preliminary task is to produce the two sub-images. Each sub-

image is reconstructed with the backward propagation algorithm with data set 

out of the physical array at each receiving position. Because of the short span 

of the physical array, the resolution of the sub-images is limited. Nonetheless, 

it is normally sufficient for the estimation of the motion errors. 

 

 

 



MOTION ERROR ESTIMATION (DEGENERATED CASE) 

 

Standard motion in three-dimensional space consists of a three-dimensional 

translational vector plus a 3x3 rotation matrix. The translational vector 

represents the spatial shift and the orthonormal rotation represents the three-

dimensional rotation corresponding to the pitch, yaw, and roll.  

 

To fully estimate the motion parameters, two three-dimensional sub-images are 

required to perform the correlation. However, the formation of three-

dimensional sub-images requires a two-dimensional receiver array plus time 

sequences from all receivers. For sonar imaging system considered in this 

paper, the data-acquisition system is a one-dimensional linear array. So, the 

available information content is limited to two dimensions. In the same time, 

the region for image reconstruction for sonar sensing systems is the profile of 

the ocean floor, which is also two dimensional. As a result, the target region is 

compressed from the full three-dimensional form to two dimensions. With 

respect to the platform scan path, the image profile is then represented in range 

and cross-range directions. Figure(2) shows the data-acquisition configuration. 

 

 
 

Figure (2): Sonar data-acquisition configuration 

 



 

Since there is not sufficient information content for the estimation of all six 

motion parameters, we choose to convert the problem into the estimation the 

resultant data errors corresponding to motion errors instead of the motion error 

directly. And instead of correcting for the spatial displacement in receiving 

positions due to motion errors, we make corrections to the data corresponding 

to the effects of the motion. 

 

Suppose the platform scan is in the x direction. The displacement error in x 

direction converts directly to error in the cross-range direction. Using far-field 

approximation, the displacement error in cross-range direction translates into a 

linear phase term. Displacements in y and z directions are combined into range 

errors, which translate into a constant phase error term. In terms of rotation, 

displacement due to roll motion also introduces constant phase error. Yaw 

motion introduces errors in the form of both constant and linear phase terms. 

And pitch motion causes 2nd-order phase shifts. Thus, we can compress the 

effects of motion errors into data phase errors in the form of constant phase, 

linear phase, and quadratic phase terms. So, if these phase errors can be 

accurately estimated and compensated, synthetic-aperture sonar imaging can 

be realized in practice. 

 

The compression of a three-dimensional six-parameter motion estimation 

problem into a two-dimensional three-term phase errors represents the 

degeneration of the full-scale motion compensation procedure. Thus, it is 

commonly referred to as the degenerated case. And the compression, which 

greatly simplifies the motion compensation procedure, is valid largely due to 

the feasibility of far-field approximation. The motion estimation and 

compensation are performed in an iterative form. 

 

 

 



EXPERIEMENT 

 

Full-scale sea experiments have been conducted in the San Diego area with the 

Sonatech SAS-10 side-looking sonar system, which was equipped with a 10-

element receiver array. The operating frequency of the system is 600 KHz. The 

target is a sunken airplane and the target distance was 40 meters. Figure(3) 

shows the synthetic-aperture sonar image of the sunken airplane. 

 

 

 
 

Figure(3): Synthetic-aperture sonar image of a sunken airplane 

 

CONCLUSION 

 

Due to the advances in high-resolution imaging in recent years, synthetic-

aperture imaging mode has been playing an increasingly vital role. However, 



in many applications, because of the perturbation caused by unstable ocean 

environment, the improvement of resolution by the expansion of aperture with 

synthetic-aperture techniques then is compromised by the motion errors during 

the scan. Thus, effectiveness of synthetic-aperture imaging technique relies on 

the capability of estimating and compensating for the motion errors. 

 

Synthetic-aperture sonar systems utilize multiple-element receiver array(s) to 

provide an adequate level of redundancy for the estimation of motion errors. 

Then the receiver positions can be corrected according to the estimated errors. 

This also implies that the corrections can change the planned path of the 

receiving positions, which consequently increases the computation complexity 

of the image formation procedure. 

 

In this paper, we model the motion errors in the form of phase errors such that 

the motion errors can be estimated from adjacent sub-images and error 

corrections can be made to the data directly instead of the receiving positions. 

Full-scale experiments have been conducted and results are included.  
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ABSTRACT 
 
Simplification of the analog front end of a signal conditioning circuit can be accomplished by over-
quantizing the input signal and using DSP for gain and offset.  In this case, a much higher precision 
A/D converter is used than required by the desired output accuracy.  The excess bits are then used to 
allow the DSP math to give an effective gain to the signal.  By a similar function, offset of over 
100% can be mathematically removed as long as the input signal does not exceed the A/D input 
voltage range. 
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INTRODUCTION 
 
Individual analog channels of airborne telemetry systems require specific gains and offsets that are 
unique to the transducer that is being monitored.  Traditionally these channels have gains and offsets 
that are either fixed or selected from a limited table of values.  In addition there are inaccuracies in 
the components used. The result is that the gains and offsets often have errors that exceed the output 
resolution of one least significant bit (lsb).  This then requires that the channels be calibrated.  In the 
past this has been accomplished by mounting fixed resistors in a select-by-test method. 
 
The method of gain, offset, and calibration presented in this paper has been made practical by the 
availability of faster, smaller, and more accurate analog to digital (A/D) converters and the advent of 
inexpensive and small digital signal processors (DSP). 
 
 

BACKGROUND 
 
This program was initiated to meet some new requirements in a small custom airborne telemetry 
system with about 200 analog channels, each requiring gain, offset, and anti-aliasing filtering.  In 
order to meet the space requirements, it was decided to over-sample the channels and to take 
advantage of DSP to do the filtering.  This would simplify the input circuits by relaxing the filtering 
required in the analog front end, in both the number and the accuracy of components. 



 
The next problem was the potential variability of the gain and offset of each channel, with the final 
values not known until after the system would be built.  While a gain range was known, the specific 
gain value was not known.  If the worst case anticipated input signal level was used to set the gain, 
then the resolution of each bit would be reduced, making a 12 bit system look more like 8 bits.  This 
could have been solved with a select-by-test component at each front end, but the final values might 
not be known until after assembly of the boxes, causing expensive field changes.  Another option 
considered was a variable gain front end or mid stage amplifier.  Because of the size constraints, this 
option was not viable. 
 
In the past we had made units with fine gain and offset adjust (a few percent) in the DSP portion, 
and this could be used for calibrating out component tolerances.  This method causes no loss in 
overall system accuracy, as long as the change is small.  We had also used A/D’s with an extra bit to 
use for octave offsets.  This was done by setting up a +/- 5 volt, 11 bit A/D to be used with either +/- 
2.5 volt inputs or 0 to +5 volt inputs, and then using logic to select the needed output bits in a 10 bit 
format.  Because we were using 10 bits of an 11 bit converter, we maintained the required 10 bit 
accuracy. 
 
 

NEW METHOD 
 
The new method of conversion and processing takes this technique to the next logical step.  While 
the system requirement is for 12 bits, it is now easy to find 16 bit A/D’s and references to drive 
them, that maintain 16 bit accuracy over an extended temperature range.  These new parts are small 
in size and low in power, while allowing over-sampling of the input signal for DSP filtering.  This 
usage of a 16 bit converter when only 12 bits are needed gives 4 bits of excess resolution.  This 
excess resolution can be used to get four octaves of gain or offset.  Now the input amplifier only has 
to be set up with a fixed gain that will bring the worst case maximum signal level in below the A/D 
clipping level.  The 16 bit converter will resolve the input signal into 64,000 parts when only 4000 
parts are needed.  The DSP can now be programmed to use the needed portion of the converter that 
contains the signal.  Because this can be programmed into the unit, it can be changed easily at any 
time, as long as the design allows reprogramming of the unit after assembly. 
 
In addition to this, the memory of the DSP can be used with multiple look-up tables for calibration.  
One table can be loaded when the unit is calibrated at the factory.  This table removes any errors in 
the analog components or A/D converter.  The box can now be calibrated so that it can be 
interchanged with other boxes and no changes in output level are observed.  A second table contains 
the user transducer calibration information.  This information is loaded with the sampling format, 
and as a box is replaced, this transducer calibration information loads up with the format put in to the 
box by the user. 
 
 

DETAILED DESCRIPTION 
 
Figure 1 is a block diagram of one channel in the system.  The input signal is first amplified (if 
required) by an input amplifier with a fixed gain.  This feeds an anti-aliasing filter with sufficient 



filtering at a high frequency to prevent aliasing at the over-sampling rate.  This feeds a 16 bit A/D 
converter that has both DC and AC accuracy to 16 bits.  The output of the A/D goes to the (DSP), 
which is a high speed math processor that uses Finite Impulse Response (FIR) filter techniques to 
filter the signal to any desired shape and response, by altering the coefficient table used in the 
calculations.  At any point in time the coefficient table can be modified to change the filter 
characteristics.  This can be accomplished by downloading new values over a standard computer 
port on the system, or during flight by selecting alternate formats that have been pre loaded.  By 
using DSP and FIR filters, a much sharper filter is easily obtained.  This can prevent ailiasing with a 
cutoff frequency versus sample rate of one to four.  Also by using a DSP FIR filter, the accuracy of 
the filter varies only with the changes of the system crystal oscillator, which is much more accurate 
and stable then discrete analog filter components. 
 

Figure 1 
Block Diagram 

 
The sampling rate of the input signal is synchronized to the sample rate of the signal in the PCM 
stream.  This prevents beat frequency artifacts from being produced by sampling a sampled signal at 
a non-synchronous rate. 
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After the filter stage is the is the fine gain stage.  The fine gain is a fraction between one half and 
one.  Because the gain is fractional, there is no possibility of saturation of the output.  Next is the 
stage that inserts offset.  This moves the signal as far as possible from the full scale.  Again there is 
no chance of saturation.  The last stage is the final gain stage, which is a course gain that is 
accomplished by shifting the input, which is used for octaves of gain.  This brings the full scale input 
to be just within the DSP maximum available range. 
 
With the ability to fine-change gain and offset, a utility program can be used by the end user to 
monitor the PCM output, and with a transducer in the calibration position, the program automatically 
corrects the calibration error and loads new gain/offset values in the format tables. 
 
The usage of the DSP chip that is the focus of this paper is to do gain and offset adjustment.  
Because a 16-bit A/D is being used for a 12-bit system, 4 bits, or 24 dB, of excess gain is available.  
By properly scaling the input pre-amplifiers associated with each channel, this extra 24 dB can be 
used to multiply the output of the FIR calculations by a user-inserted value to fine-tune the gain.  In 
addition, by proper positioning the input signal in the A/D input range, full scale offset can be 
accomplished.  Again, there is up to 24 dB of offset available, however at the expense of gain 
adjustment. 
 
Another consideration is that the DSP has the capability of doing engineering unit conversion and 
linearization.  If this is desired, then ground processing is reduced.  The DSP can also be used to do 
things like RMS averaging, frequency measurement, and FFT.  These properties can allow the 
reduction of the signal list and its associated bandwidth, or conversely, increase the number of 
signals available in the existing bandwidth. 
 
 



EXAMPLES 
 
The technique is best described by giving some examples of input signal voltages and how the 
output values are calculated.  Consider a system  where the A/D input range is –10.24 to +10.24 
volts and that the input amplifier has unity gain.  The voltage range allows signals from –10 volts to 
+10 volts to be measured without worrying about small offsets.  This gives a bit weight of 
20,480,000uV/2^16 = 312.5 uV/bit.  In the DSP all arithmetic is done in “1.15” signed fractions 
(sign bit, decimal point, 15 digit fraction).  The output of the A/D is: 
 
Input voltage (volts) A/D code out (hex) 
+10.24 7FFF 
0 0000 
-10.24 8000 
 
The DSP FIR filter will multiply and accumulate the input by a set of coefficients that give unity 
gain when added together, therefore, outside of the transition band, they have no effect.  (i.e.: a five 
tap filter might have coefficients of: 0.3, -0.1, 0.6, -0.1, 0.3; which sum to one).  Note that the DSP 
multiplier-accumulator has a 40 bit accumulator register for two 16 bit words and rounding 
instructions for the final answer.  This removes error accumulation during processing. 
 
The output of the system is changed to 12 bit words which have the following weights. 
 
Input DSP code out (hex) 
+full scale 7FF 
0 scale 000 
-full scale 800 
 



Example 1. 
 
The first case is a -8 volt to + 8 volt signal from an accelerometer.  The user desired 12 bit output is 
4 mV/bit, with a full scale output of +/- 7D0h counts (+/-2000 counts).  Full scale in and out is 
shown.  This case represents a signal that matches closely to the maximum levels of the A/D.  The 
fine gain is 3E80/6400h.  The output gets no offset.  The coarse gain is two.  The DSP output is the 
top 12 bits of the calculation.  Figure 2 shows the input voltage and the progression of steps. 
 

Figure 2 
+/- 8 Volt Input Signal 
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Example 2. 
 
The next case is a –0.5 volt to + 0.5 volt signal from a strain gauge.  The desired 12 bit output is 0.25 
mV/bit, with a full scale output of +/- 7D0h counts.  Full scale input and output is shown.  This case 
represents a signal that matches closely to the minimum levels of the A/D.  The fine gain is 
3E80/6400h.  The output gets no offset.  The coarse gain is 32.  The DSP output is the top 12 bits of 
the calculation.  Figure 3 shows the input voltage and the progression of steps. 
 

Figure 3 
+/- 0.5 Volt Input Signal 
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Example 3. 
 
The next example is an RTD with a DC bias on the positive side.  It has a low scale input of –50 
degrees or 79.96 ohms and a 20 mA excitation or 1599.2 mV  It has a full scale input of +350 
degrees or 231.89 ohms and a 20 mA excitation or 4637.8 mV.  Both DSP offset and gain will be 
used.  The fine gain is 1F40/25FCh.  The output gets 2012h offset.  The coarse gain is eight.  The 
DSP output is the top 12 bits of the calculation.  Figure 4 shows the input voltage and the 
progression of steps. 
 

Figure 4 
+1.5992 TO +4.6378 VOLT INPUT SIGNAL 
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Example 4. 
 
The next example is the same RTD with a DC bias on the positive side.  It has been found that the 
high temperature is actually +450 degrees.  Therefore it has a low scale input of –50 degrees or 
79.96 ohms and a 20 mA excitation or 1599.2 mV  It now has a full scale input of +450 degrees or 
266.94 ohms and a 20 mA excitation or 5338.8 mV  Both DSP offset and gain will be used.  The fine 
gain is 1F40/2EBFh.  The output gets 1CFDh offset.  The coarse gain is eight.  The DSP output is 
the top 12 bits of the calculation.  Figure 5 shows the input voltage and the progression of steps. 
 

Figure 5 
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CONCLUSION 
 
The examples give the best explanation of how the new method can be used to simplify the hardware 
needed to have a variable gain/offset system.  These examples show how changes are simplified by 
minor adjustments to the software parameters of the DSP processor.  This allows a maximum of 
flexibility at a minimum of cost. 
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ABSTRACT 
 
This paper presents the development of two distributed terrestrial radiolocation algorithms that use 
range estimates derived from DS-CDMA waveforms. The first algorithm, which is RLS-based, is 
derived as the solution of an approximate least-squares positioning problem. This algorithm has the 
advantage of reduced computational complexity, compared with the EKF-based algorithm that is 
presented. It is shown via simulations that both positioning algorithms perform well, with the 
performance of the EKF-based algorithm being superior.  
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INTRODUCTION 

 
A terrestrial radiolocation system has previously been proposed using DS-CDMA waveforms and a 
hand-shaking protocol. In such a system, a master node which wishes to learn its position transmits a 
request-to-send (RTS) packet, and reference nodes with known (or estimated) positions immediately 
and simultaneously transmit acknowledge (ACK) packets based on CDMA waveforms [1],[2],[3]. A 
multi-user synchronization algorithm based on Generalized Successive Interference Cancellation 
(GSIC) [1] then estimates the times-of-arrivals, or equivalently round-trip travel times (RTTs) and 
hence relative ranges. Other synchronization approaches for estimating ranges in CDMA systems 
include subspace-based algorithms [4],[5],[6], expectation-maximization [7], and maximum-
likelihood methods [8]. Alternatively, relative ranges can be estimated using field strength 
measurements [9]. Finally, the range estimates and known or estimated reference node positions are 
used to estimate the position on the master node.  
 
In positioning systems such as the one described above the most substantial errors occur when no 
line-of-sight (LOS) path exists between the transmitter and the reference node: this is the non-line-
of-sight (NLOS) scenario. Several authors have proposed methods for dealing with the NLOS 
problem. In [10] it is shown that NLOS measurements can be distinguished from LOS measurements 



by using a time history of the range measurements and that the NLOS measurements can be 
corrected if the statistics of the ranging sensor are known. Alternatively, in [11] a residual weighting 
algorithm that does not require knowledge of the sensor statistics is proposed for reducing the 
positioning error caused by NLOS measurements, provided that a sufficient number of range 
measurements are available. The NLOS effect can also be combated by sharing relative range 
measurements between nodes and computing the estimated positions either at a central processor or 
in manner that distributes the processing between the nodes.    
 
In this paper, distributed positioning algorithms based on an approximate recursive least-squares 
(RLS) algorithm and an adaptation of the extended Kalman filter (EKF) algorithm are presented. For 
the RLS-based algorithm (Section II) it is shown that the use of differenced squared range 
measurements results in a linearized measurement model, and hence provides an alternative to the 
use of extended Kalman filter algorithms, as in [12], [13]. For completeness and to facilitate the 
comparison of the RLS-based algorithm with the EKF-based algorithm, a distributed EKF-based 
positioning algorithm is derived in Section III. In Section IV the performance of the RLS- and EKF-
based algorithms is evaluated using simulated range estimates, and in Section V the performance of 
both algorithms in a complete simulated terrestrial radiolocation system is presented.  
 
 

RLS-BASED POSITIONING ALGORITHM 
 
The RLS-based positioning algorithm is derived as follows. Assume that for packet index n, all 
nodes k = 1, 2, …, K sequentially execute the handshaking ranging protocol. Then let xk represent 
the x-y position of node k (assumed time-invariant over the observation duration of less than one 
second.) The GSIC algorithm at node k yields a range estimate from nodes i = 1, 2, …, k-1, k+1, … , 
K for packet n given by  

          ),()(, nvn kkiki +−= xxρ     (1) 

where )(nvk is the estimation error. Consider the differenced squared ranges 
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For simplicity, vi,j,k(n) is modeled as zero-mean Gaussian, which ignores the effect of squaring and 
position-dependent terms on the original noise vk(n). Then the following transformed measurements 
zi,j,k(n) are linear in xk, when xi, and xj are known.  
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An exact least-squares cost function for nodes k = 1, 2, …, K over packet indices l = 1, 2 , … , n is 
given by  
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The resulting matrix 22/)2)(1( xKK
k

−−ℜ∈A  (for 2-D positioning) is  
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Note that both zk(l) and Ak are functions of the positions {xl}, and hence the cost function (4) is non-
quadratic.  
 
The non-quadratic cost function J(n) can be forced into quadratic form by approximating zk(l) and Ak 
using previous estimates of positions xi(l-1) and xj(l-1) for nodes i, j ≠ k. The cost function is then 
clearly separable in the nodes k, yielding 
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The estimated measurement matrix is then 
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The positioning algorithm is then described by K separable RLS updates. However, it should be 
emphasized that the estimated measurements )(~ lkz and measurement matrix Ak(l) depend on 
previous RLS-derived position estimates for users i, j ≠ k. The RLS updates are computed as 
follows:  
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With )0(ˆ kx chosen based on any prior estimate of the position of node k that may be available  
(or, otherwise, chosen arbitrarily), the diagonal pseudo-covariance matrix Pk(0) can be initialized as 

follows:  

                { }.(0)ˆCov)0( kxP =k     (12) 
 
 

EKF-BASED POSITIONING ALGORITHM 
 
The EKF-based positioning algorithm is derived as follows. Again let xk represent the x-y position of 
node k (assumed time-invariant over the observation duration of less than one second.) With K the 
total number of nodes, the vector x of unknown states consists of the xk stacked into a column vector 
as follows: 
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Again assume that for packet index n, all nodes k = 1, 2, ..., K sequentially execute the handshaking 
ranging protocol. However, note the following difference between the RLS- and EKF-based 
positioning algorithms. In the RLS-based algorithm node k updates only its own position estimate, 
and for packet n, node k delays its position estimate update until it has received the range estimates 
obtained at all other nodes. In contrast, for the EKF-based positioning algorithm, during packet 
epoch n, node k executes the handshaking ranging protocol, obtains its GSIC-derived ranges, and 
updates the global state estimate vector x containing the estimates of the positions of all the nodes. 
After user k has updated x, user k+1 executes the handshaking ranging protocol, obtains its GSIC-



derived range estimates, and updates x, etc. Thus, in effect, a singe range sensor and state estimator 
moves from node to node and uses the global state estimates computed at the previous node to 
compute the new global state estimates. This arrangement is, in fact, the optimal sensor and state 
estimator configuration, as proven analytically and demonstrated via information flow graphs in 
[14]. 
 
Hence for packet n at node k, denote the GSIC-derived estimate of the range between nodes k and j 
as the measurement 

              jkkjjk vz ,, +−= xx .    (14) 

Then the measurement equation is given by  
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The vk,j are assumed to be i.i.d. Gaussian with zero mean and variance 2
vσ , so that vk(n) has a 

diagonal covariance matrix Rk with nonzero entries 2
vσ .  

 
The measurements z(nK + (k - 1)) are clearly nonlinear in x because of the dependence of hk(x) on     
||xj - xk||. However, the measurement equation can be linearized by expanding hk(x) in a Taylor series 
about x. Define Hk

T(n) as 
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Then Hk
T(n) is composed of 1-by-2 rows )(,, nH T

qpk of the form 
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where p = 1, 2, …, k-1, k+1, …, K indexes the rows in Hk
T(n) and q = 1, 2, …, K indexes the (K-1)-

by-2 column blocks in Hk
T(n). The linearized measurement equation is then 
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Finally, the EKF updates ))1(|)1((ˆ −+−+ knKknKx  may be computed using the 
following relations (in reverse order): 
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where Σ(nK + (k - 1) | nK + (k - 2)) is the covariance matrix for the state estimates 
))2(|)1((ˆ −+−+ knKknKx  computed at node k during packet epoch n using measurements 

collected during packet epoch n at nodes 1, 2, …, k-1 and for packets 1, 2, …, n-1 at all nodes. The 
initializations )0|0(x̂ can be chosen based on any available prior estimates of the node positions, and 
Σ(0 | 0) can be chosen based on the estimated uncertainty in the prior estimates: 

                      { }.0)|(0ˆCov)0|0( xΣ =     (25) 

 
 

SIMULATION RESULTS 
 
The performance of the RLS- and EKF-based distributed positioning algorithms was first evaluated 
using simulated range measurements equal to the true ranges plus additive white Gaussian noise of 
variance 2

vσ (a variable parameter). In these simulations the prior position estimates were set to the 
true node positions plus additive white Gaussian noise of variance 2

xσ , and the initial covariances 
were initialized accordingly. K = 6 nodes were simulated; three of the nodes were GPS-assisted 
( 1002 =xσ meters2 ), while three of the nodes were unassisted ( 000,102 =xσ meters2 ). Figures 1 and 
2 present the average position estimation error convergence results obtained over 5000 independent 
runs of the RLS- and EKF-based algorithms for 9002 =vσ  meters2 and 000,102 =vσ meters2, 
respectively. (Note: a range estimation variance of 9002 =vσ meters2 could correspond to a range 
error of 30 meters, or one CDMA chip, for a chip duration of 100nS.) From Figure 1 it is clear that 
both the RLS- and EKF-based algorithms function well under realistic conditions. The EKF-based 
algorithm converges more quickly to the final position estimates, but the average error of the final 



estimates is nearly identical for both algorithms. From Figure 2 it is clear that the EKF-based 
algorithm performs much better than the RLS-based algorithm when the measurement noise is very 
high. Under these conditions, the EKF-derived position estimates still converge well, but the RLS-
derived estimates converge more slowly and never achieve the level of error minimization that is 
obtained with the EKF-based algorithm.  
 

 
            Figure 1: Plot of average position estimation error versus iteration number 
            for the RLS-based (dashed) and EKF-based (solid) positioning algorithms 
            using simulated range measurements with a variance of 9002 =vσ meters2. 
 

 
            Figure 2: Plot of average position estimation error versus iteration number 
            for the RLS-based (dashed) and EKF-based (solid) positioning algorithms 
            using simulated range measurements with a variance of 000,102 =vσ meters2. 



POSITIONING RESULTS FROM COMPLETE 
RADIOLOCATION SIMULATION 

 
In a full-scale terrestrial radiolocation simulation, multipath channel estimates for an urban 
environment were obtained using a 2-D ray tracing simulation (as in [15]), and estimated ranges (or, 
equivalently, TOAs) were acquired using the GSIC algorithm [1]. Finally, the RLS- and EKF-based 
distributed positioning algorithms were applied to obtain position estimates for each node. In these 
simulations the total number of nodes was K = 6. Three simulated reference nodes where equipped 
with GPS positioning devices, and three simulated user nodes did not have GPS positioning 
information. It was assumed that the position estimation error for the GPS-assisted reference nodes 
was Gaussian with a variance of 100 meters2 (corresponding to 95% certainty within 20 meters). For 
the unassisted users the initial uncertainty in the position estimates was modeled as Gaussian with a 
variance of 10,000 meters2. The range estimates used by the RLS- and EKF-based distributed 
positioning algorithms corresponded to the application of GSIC to 28 sets of ACK packets at each of 
the six nodes (i.e. each node acted as the master node and received ACK packets from each of the 
other nodes 28 different times). In order to rigorously test the convergence properties of the 
positioning algorithms, the range estimates corresponding to the 28 sets of ACK packets were used 
in a randomized order, and different prior position estimate initializations were used in 5000 
recorded tests of each positioning algorithm. Figure 3 traces the performance of the RLS-based 
positioning algorithm for one realization of packet ordering and prior position estimate initialization. 
With the GPS-assisted reference nodes labeled as diamonds and the unassisted user nodes labeled as 
circles, the position estimates are shown to converge quickly and accurately to the true positions. In 
Figure 4 the performance of the algorithms over 5000 different realizations of range estimate 
orderings and prior position estimate initializations is demonstrated. It is shown that the average 
position estimation error for the unassisted users decreases rapidly and consistently to an average 
error of only 20 meters. Thus the feasibility of the complete CDMA-based terrestrial radiolocation 
system using GSIC-derived ranges and the RLS-based or EKF-based positioning algorithms that are 
presented in this paper is verified. 
 
 

CONCLUSION 
 
Two effective radiolocation algorithms have been presented in this paper. Both algorithms are 
distributed, though the communication requirements and processing configurations differ for the two 
algorithms. The RLS-based algorithm is attractive because of its low computational complexity. On 
the other hand, the EKF-based algorithm tends to converge in fewer iterations, and when the range 
estimates are very noisy the latter converges to a lower average position estimation error. Finally, it 
has been shown via a complete radiolocation simulation that the RLS- and EKF-based algorithms 
perform well in a realistic setting. 
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Figure 3: Simulated urban geometry and traces of the RLS-based node position estimates. 

 
 

 
            Figure 4: Plot of average position estimation error versus GSIC packet number 
            for the RLS-based (dashed) and EKF-based (solid) positioning algorithms. 
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ABSTRACT 
 
We are interested in the problem of detecting and localizing objects in the compressed domain. The 
practical uses of this research are video surveillance, queries over digital library archives and 
teleconferencing. Most image operations, such as object recognition, are formulated as sequences of 
operations in the image domain. Such methods need direct access to pixel information as a starting 
point, but pixel information is not directly available in a compressed image stream. The standards 
that have emerged for still-image and video compression each contain steps that are commonly 
found in compression algorithms, like linear transformations, coefficient quantization, run-length 
coding and entropy coding. Coders like JPEG 2000 and SPHIT are built around the wavelet 
transform. Thus as a step toward detection and localization of objects embedded in the compressed 
bit stream we consider here the problem of localizing and detection in the wavelet domain. 
 
 

INTRODUCTION 
 
Content analysis of digitally transmitted video data typically has been performed on data either 
before it is compressed or after it is decompressed [1]. It may be more efficient, however to analyze 
and process the data as close to the fully compressed stage as possible. Compression algorithms 
create a set of domains in which the data resides, and the data moves through these domains 
according to well-defined transformations. The chain of compression steps defines the domains in 
which the data can be manipulated.  
 
The advantage of operating on compressed data is the efficiency of eliminating some or all the 
processing related to decompression. Note that information present in a compressed stream is 
equivalent to what is obtained after decompression; the only difference is that they are represented 
differently. Consider a computer in a network whose task is to analyze an incoming compressed 
video stream and then pass the stream on to another computer. If the computer performs object 
classification in the pixel domain, it is forced to decompress the stream, perform the analysis, and 
then compress the stream again before sending it along on the network. 
 



Another advantage to compressed domain processing is that certain problems can actually take 
advantage of the information that is made explicit by the compression algorithm. For example, 
compression schemes based on the frequency domain make the frequency information explicit. 
Coders like JPEG 2000 and SPHIT are built around the wavelet transform [2], [3]. Thus as a step 
toward detection and localization of objects embedded in the compressed bit stream we consider 
here the problem of localizing and detection in the wavelet domain. 
 
 

THE WAVELET DOMAIN 
 
Most compression schemes use similar approaches to compact data. They consist of the following 
key steps: (1) pixel range shifting; (2) decorrelation of data using transforms like the Karhunen 
Loeve Transfom, the Discrete Cosine Transform or the Wavelet Transform; (3) quantization of the 
transform coefficients; (4) Run-length coding or Entropy coding. In this work we consider that the 
transform used for Decorrelation of data is the Wavelet Transform (WT) [4]. 
 
Wavelets are building blocks that can quickly decorrelate data. Decorrelation implies that; the 
representation of data in terms of wavelet coefficients is more “compact” than the original 
representation. In most images samples are close spatially are correlated, and signal energy is 
compacted into a small number of frequencies bands. To analyze and represent such signals, 
wavelets are needed which are local in space and frequency. Traditional wavelet transforms are 
developed using the filter bank method as shown in Fig. 1. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
But in this work we use the lifted scheme [5] of implementing the wavelet transform. The 
advantages of implementing the wavelet transform using this scheme are: (1) the lifting scheme 
allows a in-place calculation of the wavelet transform; (2) with the lifting wavelet the inverse 
transform can be easily found by reversing the operations of the forward transform, in practice this 
comes down to simply reversing the order of the operations and changing each + to – and vice versa; 
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Input Output

Figure 1 Filter bank Implementation of the wavelet transform. H denotes the high 
frequency components and L denotes the low frequency components. 
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2

2

 -

 +

Update

Figure 2. Lifted Implementation of the wavelet transform. H denotes the high 
frequency components and L denotes the low frequency components. 



(3) the wavelet coefficients are located corresponding to the original position of pixels in the image. 
The lifting scheme is as shown in Fig. 2. 
 
The lifted wavelet transform facilitates direct correlation of templates with the image, as the 
coefficient position in the transform domain is based on the position of the pixel in the original 
image. The arrangement of wavelet coefficients for one level of decomposition is as given in Fig.3. 
The high frequency components are denoted as H and the low frequency components are denoted as 
L, two symbols placed together like HL means, that low pass filtering was performed after high pass 
filtering. 
 
From Fig.3 we see that there is a periodic shift variation by a factor of 2, and that the pixel energy is 
spread out into neighboring pixel values. Increase in depth of decomposition increases the shift 
variance by a factor of 2. Therefore for a depth of decomposition of 3 gives a shift variance of 8 
pixels, and a depth of decomposition of 4 gives a shift variance of 16. This shift varying property of 
the lifted wavelet transform leads to errors in the detection of objects in the wavelet-transformed 
image. These errors can be countered by using multiple shifted templates. The idea behind multiple 
templates is to create insensitivity to different relative shifts.  
 
Original Image: 
 

1 2 3 4 
5 6 7 8 

 9 10 11 12 
13 14 15 16 

 
Operating on the rows first: 
 

L H L H 
L H L H 
L H L H 
L H L H 

 
Operating on the columns we get: 
 

LL HL LL HL 
LH HL LH HL 
LL HL LL HL 
LH HL LH HL 

 
Figure 3. Ordering of the wavelet coefficients under the lifted wavelet transform. 
 
 

DETECTION AND LOCALIZATION 
 
Template matching is a natural approach to pattern classification. In template matching, the goal is 
to locate/find in one or more target images that match a specific template. This is done by matching 
the template image to all (or many) of the possible places it could be located within the target image. 
A distance function (typically a simple Euclidean distance) is applied to the match to measure the 
similarity between the template and that location in the image. The algorithm then picks the location 
with the smallest Euclidian distance as the location of the object in the target image. Template 
matching works well when the variations within a class are due to additive noise. With other kinds of 
distortions like rotation or expansion, simple template matching does not work effectively. 
 



Assuming that we have a pattern expressed as an M×N image t(x, y), x = 0,…, M-1 and y = 0,…, N-1, 
and an I × J image f(x, y), x = 0,…, I -1 and y = 0,…, J -1, where M ≤ I, N≤ J. The goal is to find the 
best M×N block, which matches t within f. Overlaying the pattern r over the image t and shifting it to 
all positions can achieve this goal. For each of the positions, the difference between r(x, y) and t(x, y) 
is computed and according to 
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The position that gives the minimum distance tfd ,  is the best match for r within t. The cross-
correlation can be clarified by the expansion of d as follows: 

∑ −−+−−⋅−=
yx

tf vyuxtvyuxtyxfyxfd
,

222
, )],(),(),(2),([    (3.2) 

The term ∑ −− ),(2 vyuxt is constant. If the term ∑ ),(2 yxf  is approximately constant, then the 
remaining cross correlation term 
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,
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is a measure of the similarity between the template and the M×N block in the image. 
 
There are several disadvantages to using (3.3) for template matching: (1) if the energy varies with 
position, matching using (3.3) can fail, (2) the range of cross-correlation is dependent on the size of 
the pattern, and (3) the value of the cross correlation term is not invariant to changes in image 
amplitude such as those caused by changing lighting conditions across the image sequence. 
 
Better results can be achieved by normalizing the image and the pattern and using the normalized 
cross-correlation as a measure of similarity.  
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Where t  is the mean of the template and vuf ,  is the mean of f(x, y) in the region under the template. 
 
We consider the basic compression system illustrated in Figure 4. For the purpose of this work, we 
assume that only intra-frame wavelet based compression techniques are used analogous to motion 
JPEG2000. The transmitted data is the Wavelet coefficients and the goal is to detect and locate 
targets in the wavelet domain without calculating the inverse wavelet transform in order to reduce 
the computational complexity.   
 
 
 
 
 
 
 
 
 
 

Transmit to receiver 

EncodeQuantizeWT 
Remote 
Video 

Decode Quantize-1 Wavelet Tr. 
Block Match 

          Templates 

Detection
Position

Figure 4. Basic wavelet based detection system setup.  Video encoder/decoder and Wavelet-based detection. 
 



 
 
The easiest way to detect and locate a target in the wavelet domain is, to use the template matching 
technique. Using only one template, the results are poor. These poor results are due to the fact that 
the wavelet-transformed blocks are shift varying by an amount related to the depth of wavelet 
decomposition used for the transform. For every single level of decomposition in the wavelet 
domain coefficients are shift variant by an additional factor of two. To counter this effect we use 
multiple templates formed by shifting the original template in different directions. 

 
 

TEMPLATE DESIGN 
 
    By using additional templates, however, we can improve upon these results.  The main idea 
behind multiple templates is to create insensitivity to different relative shifts.  When designing 
additional templates, we consider two techniques: Full Size Average Fill and Reduced Windowing.  
 
Full Size Average Fill (FSAF): In this case the first template is the target itself and the other 
templates are shifted versions of it. FSAF allows each template to retain the same dimensions as the 
original target: i.e., the maximum allowed size. Unfortunately a problem arises when building the 
shifted templates. Specifically, how do we fill in pixels uncovered by the shifts? In FSAF we fill 
these areas with predicted information. If we have enough information about the video sequence to 
guess what is the neighborhood of the target looks like, this technique can give good results because 
of the positive effects of using the maximum template size. In Film #1, for example, the objects are 
widely separated and a desert background having a predictable gray level surrounds each object. In 
this case, we can add the needed information to build our shifted templates using this technique. The 
performance of this technique degrades if no accurate information is available about the target’s 
neighborhood, however. Without such information, trying to guess the background levels does not 
help; rather, it completely corrupts our shifted templates. Fig. 5 explains how to build shifted 
templates using FSAF.  In Fig. 5, the box with the solid-line sides represents the original target; and 
the box with the dotted-line sides represents a shifted template. Within the shifted template, the gray-
dotted area is the extra area to be filled with predicted gray levels to build the template.  Figure 5b 
illustrates the different shifts used to build up to 17 templates.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
                                                                                   (a)                                                                          (b) 

 The original target 

A shifted 
template 

The area 
outside 
the 
original 
target to 
be filled



 
Figure 5. Creating shifted templates using FSAF, (a) Creating a shifted template, (b) Different shifts to construct 17 templates. 
Reduced windowing (RW): If we do not have enough information to guess what the neighborhood of 
the target looks like, RW is the better choice. In this case, we have to sacrifice some of the 
information we have when building the shifted templates. For example, if our target is a 64×64 
object, we have to create 32×32-shifted templates within the 64×64 object. RW avoids the problems 
that might be caused by adding wrong information, but it also discards some of the available 
information.  For small targets, RW does not work well. If the target is large enough, however 
loosing a small amount of information will not significantly affect the total amount of information 
available for template creation.  Fig. 6 explains building shifted templates using RW. In Fig. 6a, the 
solid-side box represents the target and the dotted-side box represents the first template. We can 
create additional template by shifting the first template within the target. Figure 6 b represents the 
shifts used to create 17 shifted templates. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
                                                                                       (a)                                                                         (b) 
 
Figure 6. Creating shifted templates using RW (a) The original target and initial template,  (b) Different shifts to construct 17 templates. 
 
 

PERFORMANCE 
 

The actual target coordinates are obtained by doing correlation match of the desired template to each 
frame of the given video sequence, then the correct coordinates are chosen after visual confirmation. 
The method used here to detect and locate a target in the wavelet domain is spatial correlation; the 
target is detected if the correlation between the template and the given target is high. Templates are 
actually obtained from a frame in the video sequence. Sample frames and sets of templates used are 
as shown in Fig. 7(a) and Fig. 7(b). Then the transform of the template and the transform of the 
frames are compared to get the wavelet based detection results. 

 
The results presented here compare the following 
 

1. Reduced windowing and Average fill. 
2. Wavelet transforms 9/7,5/3 and the Haar or (2,2). 
3. Depth of wavelet decompositions. 
4. Encoding bit-rate. 

 The original target 

The first



 
 
 
 
 
 
 
 
 
 
 
 
 
 
                                                       (a)                                                                                                                           (b) 
 
Figure 7. (a) Frame #25 of FHV_CIF Film #1. (b) Frame #114 of mobile_CIF Film #2. The different 32×32 and 64×64 templates used are indicated by 
the square blocks and are numbered 1 through 4 for each film. 
 
 
Reduced Windowing (RW) Vs. Full Size Average Fill (FSAF): The wavelet transform of an image 
splits the image into different frequency sub-bands, at different rates. The two design techniques we 
explore here are the Reduced Windowing technique and the Full Size Average Fill. The full size 
average fill technique, obtains the shift by moving the template in a desired direction and filling the 
remaining portion of the template with an average gray scale value. The Reduced Windowing 
method chooses a template that is larger than the object, so that a template formed by shifting the 
required object does not lead to any loss of information. 
 
Table 1 (Comparing RW and FSAF), Wavelet – 9/7, Wavelet depth of decomposition - 3, Film #1, Template #3 
(64x64), 50 frames, Bit-rate -1bpp. 
 

# Of shifted temp. FSAF 
% Correct detection 

RW 
% Correct detection 

1 52 52 
3 75 98 
5 89 100 

 
Table 1 above shows that the RW technique is much better that the FSAF. This is because, in the 
FSAF, method structure is lost when the new region formed by shifting the template is filled with a 
constant value. In the RW method, the whole object is preserved. 
 
To maintain the comparability of results we assume that the RW gives the best detection compared 
to FSAF. Thus for all the following experiments only the RW method is used. 
 
Wavelets 9/7,5/3 and the Haar: The most popular wavelets used for compression are, the 9/7 and 5/3 
[6] [7]. Here we compare these different wavelet transforms with each other for single and multiple 
templates. The multiple template sets of 3 is created by shifting the template frame inside the object 
in the up down direction by four pixels, and that of 5 is created by adding left and right shifts to the 3 
template set. 

 

#3 

#1 

#2 

#4 

#1 

#4 

#2 

#3 



 
The following tables compare the different wavelets 9/7, 5/3 and the Haar, for different object sizes 
and different films. Tables 2 and 3 compare the different wavelets for a template size of 64×64, for 
films #1 and #2 respectively. The error tolerance is measured in Euclidean distance. Here the 
distance is considered to be 8 pixels. 
 
Table 2 (Film #1 – template #3) 

# Of shifted temp. Wavelet 9/7 
% Correct detection 

Wavelet 5/3 
% Correct detection 

Wavelet Haar 
% Correct detection 

1 72 83 86 
3 98 100 100 
5 100 100 100 

 
Table 3 (Film #2 – template #1) 

# Of shifted temp. Wavelet 9/7 
% Correct detection 

Wavelet 5/3 
% Correct detection 

Wavelet Haar 
% Correct detection 

1 73 62 79 
3 88 87 90 
5 100 100 100 

 
Table 4and 5 compare the different wavelets for a template size of 32×32 for films #1 and #2 
respectively. 
 
Table 4 (Film #1 – template #4) 

# Of shifted temp. Wavelet 9/7 
% Correct detection 

Wavelet 5/3 
% Correct detection 

Wavelet Haar 
% Correct detection 

1 78 77 79 
3 92 89 95 
5 100 100 100 

 
Table 5 (Film #2 – template #4) 

# Of shifted temp. Wavelet 9/7 
% Correct detection 

Wavelet 5/3 
% Correct detection 

Wavelet Haar 
% Correct detection 

1 28 32 35 
3 47 52 57 
5 72 72 76 

 
From Tables 2 through 5 we infer that the Haar wavelet gives a slightly better result than both the 
5/3 and 9/7 wavelets. The 9/7 and the 5/3 wavelets give similar results. From Table 5 we see that the 
results are poor for template #4 from film #1 and that it improves with the number of shifted 
templates. 
 
Depth of wavelet decomposition: The wavelet transform decomposes an image into its different 
frequency subbands. A depth N decomposition of an image means that the low frequency 
components of the image are successively transformed N times. The lifted wavelet transform stores 
the pixel coefficients corresponding to the original position of the pixels in the image, but there is a 
shift variance introduced. The period of the shift variance increases with the number of times the 
image is passed through the wavelet transform. This can lead to bad detection results, thus we 
improve upon the results by using a large set of templates formed by shifting the image in different 



directions. Here the templates are shifted up, down, left and right and in diagonal directions i.e. up-
left, up-right, down-left and down-right by 4 or 8 pixels in each direction. 
 
 
Table 6 (Table showing detection results for depth of decomposition of 4.) 

# Of shifted temp. Object # 3 Film #1 
% Of correct detection 

Object #1 Film #2 
% Of correct detection 

1 38 22 
3 62 45 
5 69 47 
9 83 72 

13 89 75 
17 95 89 
21 99 95 

 
Table 6 shows the correlation results for 64×64 objects from both film #1 and film #2. We can infer, 
by comparing results obtained from Table 2 and Table 6, that the correlation values are much better 
for low depth of decomposition. The detection results can be improved by increasing the number of 
shifted templates. 
Encoding Bit-Rate: The bit-rate of the encoder determines the quality of the wavelet coefficients 
arriving at the receiver. Low bit rates mean loss of information. Since correlation depends on 
structure of the given image, any loss of information will be detrimental to the detection results. 
 
Table 7 (Film #1 – Template #3) 

Bit Rates 
(bpp) 

Wavelet 9/7 
% Correct detection 

Wavelet 5/3 
% Correct detection 

Wavelet Haar 
% Correct detection 

1 100 100 100 
0.5 100 100 100 

0.025 100 100 100 
0.015 88 88 100 
0.005 56 54 57 

0.0005 5 9 6 
 
Table 7 describes the detection performance for different encoding bit rates. The template chosen for 
the detection was template #3 of size 64×64 from film #1. When the bit rate is reduced below a 
certain level the detection results are very poor. In the above case the performance is good for bit 
rates greater than 0.015 bits per pixel (bpp) i.e. the encoder does a good job of preserving the 
coefficients of the wavelet transform for bit rates above 0.015 bpp. 
 
 

CONCLUSION 
 
The above results indicate that it is possible to do detection in the wavelet domain, and obtain good 
results. We note that the quality of detection is directly proportional to the number of shifted 
templates. Even if the results are not good, as in the case for depth of decomposition of 4, we can 
improve the detection by increasing the number of shifted templates. Results from table 7 indicate 
that the detection is unaffected by the decrease of bit-rates as low as 0.015 bpp. 
 



In the future, we need to study in detail the application of correlation in the different subbands of the 
wavelet transformed image, and come up with a model based on it that can improve detection 
performance. Some templates do not give as good detection results as others as shown by the case in 
Table 5. So a study of these specific templates can help in determining what sort of templates are 
better suited for doing wavelet based detection. 
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ABSTRACT 
 

Signal fading and intersymbol interference created by multipath propagation have traditionally 
limited the throughput on wireless communications systems. However, recent research has 
demonstrated that by using multiple antennas on both transmit and receive ends of the link, the 
multipath channel can actually be exploited to achieve increased communication throughput over 
single-antenna systems. This paper provides an introductory description of such multi-antenna 
communications systems, focusing on basic explanations of how they achieve capacity gains. 
Computed and measured capacity results are used to demonstrate the potential of these systems. 
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INTRODUCTION  
 

Channel impairments created by multipath propagation pose a substantial problem in wireless 
communications, with the associated fading often significantly limiting the system throughput. 
Typically, frequency or spatial diversity techniques coupled with equalization and channel coding 
are employed to overcome the difficulties posed by this type of channel. However, remarkable new 
research has demonstrated that by proper utilization of multiple antennas at the transmitter and 
receiver, this multipath can actually be exploited to increase the communication throughput for a 
given bandwidth [1]-[3]. This use of multiple antennas now allows the transmitted data to be coded 
in space as well as time, and the process is therefore referred to as Space-Time coding. Such 



 

multiple-input multiple-output (MIMO) systems have the potential to dramatically increase spectral 
efficiencies in a variety of communications applications. 
 
The purpose of this paper is to provide a tutorial explanation of space-time coding for wireless 
communications in general. Specifically, we will focus on the multipath channel and demonstrate 
how increased throughput or channel capacity is enabled through the use of multiple antennas. We 
will also perform some simple computational studies and provide measured data to demonstrate the 
potential performance of MIMO systems for various propagation scenarios. Finally, we will present 
the general concept of spatial coding and will discuss the applicability of MIMO communications 
for aeronautical telemetry applications. 
 
 

CAPACITY FOR INDEPENDENT CHANNELS 
 
In discussing the performance of communication systems, we will use the metric of channel 
capacity. This quantity provides an upper bound on the information throughput per unit bandwidth 
for a channel characterized by a signal-to-noise ratio (SNR). MIMO systems achieve capacity gains 
by dividing the multipath propagation channel into independent sub-channels and appropriately 
dividing the data across these channels. To understand the benefit of this approach, we first examine 
a simple example. Consider a single transmission line that carries information from a transmitter to a 
receiver. The capacity of this system is [4] 
 

( )2
21 /1log σSC +=  (1) 

 
where C1 is in units of bits/second/hertz and S and σ2 represent the signal and noise powers, 
respectively, at the receiver. Suppose now that the power S is divided equally among N independent 
transmission lines, each with its own transmitter and receiver. Assuming each receiver individually 
detects a noise power σ2, the aggregate capacity becomes 
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The important conclusion concerning this result is that while the power has been divided by a factor 
of N, this reduction is within the logarithm and therefore has less of an impact on the capacity than 
the multiplication by N due to the communication over independent channels. For example, 
assuming a signal-to-noise ratio of S/σ2  = 100 (20 dB) and N = 5 parallel channels, we obtain C1 = 
6.7 bits/s/hz and C5 = 21.7 bits/s/hz. Clearly, the use of parallel channels provides a substantial 
benefit in communication capacity. This capacity gain will continue to improve as the number of 
channels increases.  
 
 
 
 
 
 



 

CAPACITY FOR MULTIPATH CHANNELS 
 
Multipath Channel Description 
 
Given the clear advantage of using parallel channels for communication, we now discuss the 
independent channels created by multipath propagation and formulate a capacity expression 
appropriate for MIMO systems. To facilitate this discussion, consider the scenario depicted in Figure 
1. In general, the baseband data is fed into a space-time encoder that will determine how to send the 
information using the N transmit antennas. The transmitted signal will propagate through the channel 
and be detected by M receive antennas before being decoded to extract the data signal. Assuming 
that the vector of transmit signals for a single symbol interval is [ ]t

Nxxx ,,, 21 K=x , the vector of 
length M representing the signals at the port of each receive antenna can be expressed as 
 

ηHxy +=  (3) 
 
where H is the transfer matrix with the element Hmn describing the transfer function between the nth 
transmit and mth receive antennas. The variable η represents the vector of receiver noise and is 
assumed to be described by zero-mean independent identically distributed (i.i.d.) complex Gaussian 
random variables with variance σ2.  
 

Space-Time
Encoder

Data Space-Time
Decoder

Data
HHSpace-Time

Encoder

Data Space-Time
Encoder

Data Space-Time
Decoder

DataSpace-Time
Decoder

Data
HH

 
 
Figure 1: General configuration used for discussing space-time coding implementation for wireless 

communications systems. 
 
Consider now a propagation environment characterized by L multipath components. For simplicity, 
we will assume that the propagation is confined to the horizontal plane, although extension to full 
three-dimensional propagation is relatively straightforward. The ℓth component can be considered a 
plane wave that departs from the transmit array with a departure angle T

lθ  and arrives at the receive 
array with an arrival angle R

lθ . For narrowband communications, we can scale each multipath plane 
wave with the complex gain l

l
φβ je . For broadband communications, an additional phase term of 

lωτje  is required in order to properly account for the frequency dependence of the phase due to a 
time delay on the ℓth component of lτ . 
 



 

Suppose now that the mth receive and nth transmit antenna elements are located at the points 
( )R

m
R
m yx ,  and ( )T

n
T
n yx , , respectively. If the angles are taken with respect to the positive x-axis, the 

element of the transfer matrix describing propagation between these two antennas can be expressed 
as 
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In general, for a large number of paths L and proper statistical distributions on the angles and 
amplitudes are applied, this channel description will result in the classic model by Jakes. We will use 
this simple representation to discuss various aspects of MIMO wireless communications as well as 
to provide computational examples of capacity increases possible for various propagation scenarios. 
 
MIMO Channel Capacity 
 
The capacity of a MIMO system is obtained by maximizing the mutual information between the 
vectors y and x in Eq. (3). This mutual information expression is given as 
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where { }t

x
*E xxk =  with {}⋅E  representing an expectation and ⋅  indicates a determinant. Taking the 

eigenvalue decomposition (EVD) tt ** VVHH Λ=  where Λ represents the diagonal matrix of 
eigenvalues leads to the expression 
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where we have used matrix identities for simplification. This expression can be maximized by 
making xk~  diagonal with the entries determined according to the water-filling solution with a 
transmitted power constraint [3], [4]. The resulting expression represents the capacity, or the 
ultimate upper bound on throughput for the system, which can be written as 
 

∑
=








 Λ
+=

Q

q

qqqqxC
1

2
,

2 1log
σ

k
 (7) 

 
where the subscripts ‘qq’ indicate the qth diagonal element of the matrix and Q is determined during 
the maximization procedure. 
  
The key point to observe from Eq. (7) is that by diagonalizing the matrices in Eq. (5), we have 
decomposed the channel into independent or orthogonal sub-channels that can be used for 
communication. These sub-channels are spatial channels created by the plane waves departing and 



 

arriving at diverse angles. The transmit and receive arrays must exploit these spatial channels by 
forming the appropriate antenna beams, although the exact manner in which this occurs is dependent 
on the space-time code employed.  
 
It is important to recognize that the quality of the qth channel is dependent upon the eigenvalue Λqq 
of the matrix H*tH. A complete set of large eigenvalues is obtained only if there is a sufficient 
number of multipath components that span a relatively large spread in departure and arrival angles. 
For example, consider Eq. (4) for the case where L = 1 (i.e. only one multipath component exists). 
Each row of the channel matrix differs from the other rows only by a multiplicative constant, and 
therefore the matrix has a rank of 1 resulting in only one non-zero eigenvalue. Having several 
multipath components that are not significantly spread in angle or having one dominant path with 
several weak secondary components will result in a relatively low rank channel. Even in channels 
with large numbers of multipath components characterized by large angle spread, packing an 
increasing number of antenna elements into a fixed volume will lead to channel matrices whose rank 
will increase to a point and then level off. If the array volume is allowed to increase as elements are 
added, the rank of the matrix will continue to increase. The absolute upper bound is obtained when 
the array is large enough to independently resolve each multipath component. This situation of 
course represents full exploitation of the independent spatial channels offered by the multipath 
propagation. 
 
Capacity of Representative Channels 
 
In order to illustrate the relation between multipath structure and channel capacity, it is instructive to 
examine the capacity for representative channels in the form of Eq. (4). To begin, consider a simple 
channel consisting of three multipath components of equal magnitude. The multipaths depart from 
the transmit and arrive at the receive arrays as shown in Figure 2(a). The antenna arrays consist of 
four dipole antennas spaced at λ/2, where λ is the free-space wavelength. To compute capacity, the 
channel matrix H is normalized such that the average value of the squared magnitude of the 
elements is unity [5], or 
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Then, the transmit and noise powers are set so that for a single antenna at transmit and receive 
(single-input single-output or SISO), the SNR is set to 20 dB. For multiple antennas, the power 
constraint applied during formulation of the capacity properly restricts the total transmit power to 
equal that for the SISO case [3].  
 
Figure 2(b) plots the capacity as a function of angle spread for this scenario. The number of 
eigenchannels used by the water-filling solution is also shown. In general, as the angle spread of the 
multipath components increases, the capacity also increases as expected. This is due to the fact that 
the array is better able to exploit the individual rays, and in fact the system uses all three possible 
eigenchannels over part of this plot. It is important to recognize, however, that this small array is 
unable to completely resolve each multipath, and therefore each eigenchannel consists of a 



 

superposition of the paths. As the angle spread continues to increase, the arrays are not as effective 
in utilizing all paths, and therefore the number of used eigenchannels and capacity decrease. 
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Figure 2: (a) Multipath structure used to assess the variation of capacity with angle spread, and (b) 
capacity and number of used eigenchannels as a function of angle spread for the scenario in (a) with 

20 dB SISO SNR. 
 
To examine the behavior of the capacity for more realistic channels, we turn to measured data taken 
at 2.45 GHz in an indoor environment. The building used for the study, the engineering building on 
the Brigham Young University campus, is a typical university structure with cinder-block walls, 
large classrooms, offices, and hallways. The linear arrays at transmit and receive consist of four 
monopole antennas spaced at λ/4. The block diagram of the measurement system is shown in Figure 
3. This system uses a custom microwave communication link with 16 independent transmitters and 
receivers to simultaneously send and receive 16 uniquely coded, co-channel signals. Based upon 
these measurements, the channel matrix H is estimated using a Maximum Likelihood procedure [5]. 
 



 

 
Figure 3: Block diagram of the measurement system used to acquire MIMO channel data in a 

multipath propagation environment. 
 
Figure 4 plots the probability density function (pdf) of capacity computed from data obtained at a 
variety of locations within the building. As can be seen, the capacity varies around 20 bits/s/hz, with 
the capacity spread due to the dependence of the sub-channel quality on measurement location. The 
curve labeled SVA is computed from a model of the form of Eq. (4) with the angle/gain parameters 
computed from experimentally obtained statistical distributions. As can be seen, this simple model 
provides a very good estimation of the channel capacity [6]. 
 

 
 
Figure 4: Capacity probability density function for measured data in an indoor environment with the 
signals normalized to achieve 20 dB SISO SNR. The capacity computed with a simple model is also 

included for comparison. 
 
As discussed above, the capacity of the channel is a function both of the channel multipath structure 
and the ability of the array to exploit this structure. Specifically, it is interesting to observe the 
capacity behavior as the number of antennas in the arrays increases using the measured data. This 
data was taken using linear arrays of 2, 4, and 10 monopole transmit and receive antennas, with all 
arrays possessing the same total length (2.25λ). Figure 5 shows the complementary cumulative 
distribution function (CCDF) of capacity per transmit and receive antennas.  Also, Monte Carlo 
simulations were performed to obtain capacity CCDFs for channel matrices having i.i.d. complex 
Gaussian elements with unit variance. These results indicate an excellent agreement between the 



 

measured 2×2 and ideal 2×2 (independent Gaussian) channel due to the very wide separation of the 
antennas (2.25λ). The ideal case predicts that the capacity per antennas should approach a constant 
as the number of antennas becomes large.  Measurement shows, however, that as we pack more 
antennas into our array, the capacity per antenna drops as anticipated. This result emphasizes the 
relation between the available sub-channels and the ability of the antenna to exploit them.  
 

 
 
Figure 5: CCDF’s of capacity per antenna for measured channel matrices with 2, 4, and 10 antenna 

elements with the signals normalized to achieve 20 dB SISO SNR. 
 
 

SPATIAL CODING 
 
Traditional coding schemes for communications systems are applied in the time or frequency 
domains. However, the spatial properties of the multipath channel open up a second dimension to 
which coding can be applied. Spatial coding broadly refers to the manner in which the transmitted 
data is sent across the multiple spatial channels available for communication. There are many 
different schemes for coding the data spatially, with different methods achieving different objectives 
such as maximal throughput, low error probability, simplicity in decoding, etc.  
 
To illustrate the concept of spatial coding, we consider a strategy that is consistent with the notion of 
orthogonal channels as discussed above. If we express the singular value decomposition of the 
transfer matrix as H = USV*t, then consider precoding the data vector x such that the transmitted 
signal is xo = Vx. If this transformed vector is then transmitted, the received vector can be expressed 
as [3] 
 

ηUSxηVxUSVηHxy +=+=+= t
o

*  (9) 
 
where we have used the orthogonality of the singular vectors. We can efficiently decode the signal 
by the operation 
 



 

ηUSxyUy tt **~ +==  (10) 
 
which, since S is diagonal, results in a replica of the original data with each entry scaled by the 
channel singular values. Therefore, the operation xo = Vx spatially codes the transmit data in a 
convenient fashion 
 
While this scheme specifies how to code the data to exploit the spatial diversity in the channel, it 
does not indicate how to set up the original data vector x. Error control coding strategies 
traditionally employed in the time domain can now be extended to the spatial domain in order to 
achieve improved communication reliability and throughput. Alternatively, the data stream can be 
simply split into N parallel data sequences, with the error control coding applied independently (in 
time) to each stream before transmission. A large variety of different space-time coding strategies 
have been proposed in the literature [1]-[3], [7], [8].  
 
 

CONCLUSIONS 
 
This paper has presented a basic description of MIMO wireless communications systems. The 
discussion has focused on a fundamental analysis of multi-antenna systems communicating over 
multipath channels, and how such systems utilize parallel data paths to achieve capacity gains. 
Representative computed and measured capacity results were provided in order to demonstrate the 
potential of such systems as well as how the capacity varies as a function of channel and system 
characteristics. A brief discussion of the role of spatial coding in such systems was also provided.  
 
The presentation has clearly demonstrated that these MIMO systems have the potential to 
dramatically increase spectral efficiencies in a variety of communications applications. However, 
such systems only achieve substantial capacity gains for channels exhibiting significant multipath. In 
many scenarios for aeronautical telemetry, the multipath structure might offer some limited capacity 
improvements, although the nature of these channels suggests that the gains might be low compared 
to the additional complexity required to implement the requisite spatial processing. 
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ABSTRACT 

 
The use of two antennas on an aeronautical telemetry transmitter is a common practice for 
overcoming signal obstruction that can occur during air vehicle maneuvering. However, this practice 
also leads to interference nulls that can cause dramatic degradation in the average signal integrity. 
This paper discusses the application of a transmit diversity scheme capable of overcoming this 
interference problem. The development leads to symbol error probability expressions that can be 
applied to assess the performance of the scheme relative to that of traditional schemes. 
Representative computational examples demonstrate the potential of the method. 
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INTRODUCTION 
 
One of the problems encountered in aeronautical telemetry is that during aircraft maneuvering, the 
transmission path for the telemetry data is often obstructed by the aircraft itself.  A common solution 
to this problem is to place a second antenna on the aircraft to ensure the presence of a clear 
transmission path for all aircraft attitudes.  However, when both antennas are in view of the receiver, 
this arrangement leads to an array interference pattern generally characterized by a large number of 
transmission nulls.  These nulls are clearly detrimental to communication reliability. 
 
The signal variation due to this self-interference is very similar in nature to signal fading created by 
multipath propagation in wireless communication systems. This observation motivates application of 
antenna diversity techniques that have been developed for systems operating in multipath 
environments [1], [2]. One approach that shows particular promise for this application uses a clever 
transmit diversity scheme in order to reduce detrimental interference [3]. Implementation of the 
method requires more advanced processing at the receiver, but offers dramatic performance 
advantages compared to more traditional approaches. 
 



This paper develops this method within the context of dual-antenna aeronautical telemetry links. The 
formulation leads to expressions for symbol error probability that can be used to assess the 
performance of the method relative to that of traditional techniques. Representative computational 
examples demonstrate the dramatic improvement in signal reliability offered by the new method. 
The paper concludes with a brief discussion of outstanding issues that require attention before the 
scheme can be applied operationally. 
 
 

DUAL-ANTENNA TRANSMISSION SCHEMES 
 

We begin our study with a careful formulation of the received signals for the traditional and the 
proposed dual-antenna transmit schemes. Our goal is to obtain a representation that allows analysis 
of the symbol error rates as well as facilitates a qualitative understanding of the benefit offered by 
the new approach. In the following, we assume that the antennas 1 and 2 are located at ( )111 ,, zyx  
and ( )222 ,, zyx  respectively, where the coordinates are expressed in a local coordinate system for 
the air vehicle. For simplicity of presentation and understanding, we will neglect amplitude and 
phase variations as a function of angle (i.e. power and phase patterns) for the individual antennas, 
although it is straightforward to add these variations to the analysis. If the receiving ground station is 
located at the point ( )φθ ,,r  in spherical coordinates, then the transfer function between the ith 
antenna, i ∈ {1, 2}, and the ground receiver station may be expressed as 
 

( )θϕθϕθ cossinsincossin iii zyxjk
i eh ++=  (1) 

 
where λπ /2=k  is the free-space wavenumber with λ the free-space wavelength. 
 
Consider now transmission using only antenna 1. If the transmitted symbol is denoted as s, the 
received signal is represented as 
 

η+= shra 1  (2) 
 
where η represents the additive white Gaussian noise (AWGN) in the receiver. The received signal 
energy can be expressed as 
 

( ){ } { } { } { } sa EsshshshE ==== ∗ 222
111 EEEE  (3) 

 
where we have used that 12

1 =h , {}⋅E  represents an expectation, and Es is the average symbol 

energy. The receiver noise power spectral density (PSD) is given as { }ηη∗= EoN , leading to a 
receive signal-to-noise ratio (SNR) of Es /No. This quantity will be used as a baseline for comparing 
the performance of the different transmission schemes. 
 



Traditional Transmission 
 
For standard two-antenna transmission, each symbol is simultaneously radiated from both antennas. 
The received signal may be expressed as 
 

η++= shhr )(
2

1
21  (4) 

 
where the factor of 2  stems from the fact that the power is equally divided between the two 
transmit antennas. The received signal energy becomes 
 

( )[ ] ( ) { } sT EhhshhshhshhE 2
21
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2
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2
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 ++= ∗  (5) 

 
while the noise PSD is No. Therefore, this scheme leads to the received SNR 
 

o

s
T N

E
hh 2

212
1SNR += . (6) 

 
For widely-spaced antennas, which is typical of the situation for dual-antenna telemetry transmitters, 
the coherent addition of the two transfer functions leads to severe nulls in the gain pattern at certain 
angles. For example, Figure 1 illustrates a plot of this interference pattern as a function of the angle 
φ for θ = 90° and the antennas separated by 10λ in the x dimension. Clearly, this gain pattern will 
cause significant reduction in the communication reliability. 
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Figure 1: Gain pattern resulting from 2 antennas separated by 10λ for θ = 90°. The two plots are 
for when the two antennas are in phase and out of phase, respectively. 

 
Diversity Transmission 
 
The transmit diversity scheme proposed here was originally introduced to combat multipath fading 
for wireless systems. This method, referred to as the Alamouti scheme [3], uses a transmission 
strategy that spans two consecutive symbol periods. Let the two consecutive symbols be denoted as 



1s  and 2s . During the first symbol time, antenna 1 transmits 1s  while antenna 2 simultaneously 
transmits 2s . During the second time slot, antenna 1 transmits ∗− 2s  while antenna 2 simultaneously 
transmits ∗

1s . The received signal in the two slots can be expressed as 
 

( ) 122111 2
1 η++= shshr  (7) 

( ) 221122 2
1 η+−= ∗∗ shshr . (8) 

 
These equations can be rewritten in the matrix form 
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Using this form, it is simple to show that symbol detection can be performed using the operation 
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During the first symbol time, the signal energy is  
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while the received noise PSD is 
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where we have used independence of η1 and η2. An identical result is obtained for the second 
symbol time. The received SNR for this scheme is therefore equal to  
 

( )
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hh 2

2
2

12
1SNR +=  (13) 

 
which, for transfer functions of the form of Eq. (1) equals the SNR of the single antenna 
transmission system. Therefore, this Alamouti scheme can completely remove the detrimental 
effects of the coherent interference created by the introduction of multiple antennas. It is important 
to point out that this scheme places most of the complexity and computational burden at the receiver. 
This is appropriate for aeronautical telemetry applications, since it is difficult to add excessive 
complexity at the transmitter due to constraints on the size of the telemetry transmitter installed on 
the air vehicle. 



At first glance, the performance gain achievable with this simple transmission scheme may seem 
surprising. Two comments are warranted concerning this result. The first observation to be made is 
that by altering the symbols transmitted during the second symbol time, the resulting antenna gain 
pattern will change (due to the change in the relative phasing between the two antenna signals). For 
example, for Binary Phase Shift Keying (BPSK), if the two consecutive symbols are such that the 
antenna pattern is that shown in the left of Figure 1 for the first symbol time, then the pattern will be 
that shown on the right of Figure 1 during the second symbol time. The superposition of these two 
patterns leads to a perfectly omnidirectional pattern. Second, it is important to recognize that 
obtaining these gains requires that the receiver determine the transfer functions h1 and h2. This 
channel estimation adds computational burden to the system, and can introduce errors that will 
degrade the performance. Efficient mechanisms for estimating the channel for aeronautical telemetry 
applications are currently under investigation. 
 
 

SYMBOL ERROR RATE 
 

The formulations in the previous section facilitate the development of expressions for the symbol 
error rate as a function of the single antenna SNR. To see this, consider first that we have a function 
that represents the probability of a symbol error P(ε), where ε denotes the symbol error event and the 
dependence on SNR is implicitly understood. This function is dependent on the modulation 
constellation used and noise model assumed. For example, for BPSK and Quadrature Phase Shift 
Keying (QPSK) with AWGN, this function takes the forms [4] 
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where Eb represents the average bit energy. 
 
For the Alamouti scheme, the formulations in the prior section demonstrate that for transfer 
functions of the form of Eq. (1), the probability of symbol error will be identical to that given for the 
AWGN channel. For the traditional transmission scheme, however, we must modify these 
expressions. Let ( )ob NEf /l , ℓ ∈ {1, 2} represent Eqs. (14) and (15). Examination of Eq. (6) 
suggests that for the traditional scheme, the conditional symbol error probability functions can be 
expressed as 
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where the conditional form stems from the dependence of the transfer functions on the angular 
position of the receiver. If the probability density function (PDF) of these angles for a flight is 
expressed as p(θ, φ), then the average symbol error rate for the flight is given as [4] 
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For the examples below, we assume that the PDF on the angles is uniformly distributed within the 
plane of rotation. We should also point out that if the transfer functions do not have unity magnitude 
over all angles, then a similar operation must be performed to derive the symbol error probability for 
the Alamouti scheme. 
 
It is important to recognize that this development extends to all modulation schemes for which an 
error probability expression is available. Therefore, the general conclusions drawn from the results 
of this analysis are broadly applicable and not restricted to the two modulation schemes chosen. 
 
 

SIMULATION RESULTS 
 

In order to explore the effectiveness of the Alamouti scheme in removing the detrimental 
interference effects encountered in dual-antenna telemetry transmission, we evaluate the above 
expressions for several different scenarios. In all simulations, we assume a horizontal antenna 
spacing of 20 ft., a vertical separation of 8 ft., a frequency of 1.5 GHz, and a ground antenna 400 ft. 
in front of the aircraft. 
 
For the various aircraft attitude positions, the position of the ground antenna within the air vehicle 
coordinate frame is computed using Eulerian angle transformations.  For a given aircraft altitude, 
pitch, and yaw, we spin the aircraft one full rotation in the horizontal plane, calculating the transfer 
functions h1 and h2 at each of 36,000 angular sample points. Numerical evaluation of the integral in 
Eq. (18) is then performed using a simple trapezoidal integration rule. It was necessary to use such 
fine angular sampling in order to capture the behavior in the deep nulls of the interference pattern. 
 
To begin, we examine the simple case when the aircraft and the receiver are in the same plane. 
Naturally, this is relatively unrealistic, but serves as a straightforward computational example to 
demonstrate the performance of the new scheme. Figures 2 and 3 demonstrate the probability of 
symbol error versus the single-bit SNR for BPSK and QPSK modulations, respectively. As can be 
seen from these plots, the average symbol error rate performance for the traditional dual-antenna 
transmission scheme is quite poor. In fact, this behavior is very similar to what is observed for 
channels experiencing severe multipath fading. On the other hand, application of the Alamouti 
scheme for transmit diversity provides much better performance, achieving symbol error rates of 10-6 
for SNR values on the order of 10-15 dB. These results also show that BPSK and QPSK exhibit the 
same trends, indicating that the method is applicable for a variety of modulation schemes. 



 
 

Figure 2:  Symbol error rate for Traditional and Alamouti transmission schemes for BPSK 
modulation with no aircraft elevation. 

 
 

 
 

Figure 3:  Symbol error rate for Traditional and Alamouti transmission schemes for QPSK 
modulation with no aircraft elevation. 

 
 
It is also interesting to examine the behavior of the diversity scheme for a more realistic geometrical 
configuration. In this case, we assume the aircraft is at an elevation of 2000 ft and at a roll angle of 



30° from horizontal. To compute the error probability, the aircraft is then spun in the horizontal 
plane (relative to the ground coordinate frame). The symbol error probability for this case assuming 
BPSK modulation is shown in Figure 4. As can be seen, this case exhibits the same behavior as 
observed in the other examples. 
 

 
 

Figure 4:  Symbol error rate for Traditional and Alamouti transmission schemes for BPSK 
modulation with the aircraft at 2000 ft. in elevation and at a 30° roll angle. 

 
 

ADDITIONAL CONSIDERATIONS 
 

While the above developments indicate the potential of the Alamouti transmit diversity scheme for 
aeronautical telemetry links, there are several issues that must be examined before it can be deployed 
operationally. These issues will certainly impact the performance of the scheme, and therefore 
complete evaluation of the method is dependent upon resolution of these issues. 
 
Receive Diversity Implementation 
 
Because air vehicle maneuvering changes the polarization of the transmitted electromagnetic wave, 
it is important to employ polarization diversity at the receiving station. This implies that the simple 
transmit diversity scheme must be augmented such that it incorporates two receive channels. This is 
a relatively straightforward extension of the single receive channel case considered here. 
 
Channel Estimation 
 
Performance of the Alamouti scheme is dependent upon the estimation of the channel transfer 
functions between the transmit and receive antennas. For an aircraft moving at high velocities, this 
could be a challenging task since the absolute phase is rapidly varying. However, the task is 



simplified by the fact that application of the Alamouti scheme depends not on the bulk phase change 
but rather on the relative phase between the two transfer functions. These phase changes are a result 
of aircraft attitude variations which occur on a relatively long time scale. Furthermore, if higher 
order modulation schemes are applied, the receiver will be tracking the bulk phase since this 
information is necessary for symbol detection. 
 
For high data rates (on the order of 20 Mbits/second), the distance between the two transmit 
antennas corresponds to a propagation delay that is an appreciable fraction of the symbol period. 
This means that the two symbols will arrive at the receiver with a significant time offset. Because of 
this phenomenon, application of the diversity scheme will require compensation for this time shift. 
This offset will therefore need to be determined during the channel estimation procedure. 
 
 

CONCLUSIONS 
 
This paper has introduced a new transmit diversity scheme for overcoming detrimental 
communication conditions created by dual-antenna transmission. The scheme cleverly alters the 
symbol transmission such that a two-antenna system can actually achieve the same performance of a 
single antenna system while overcoming the problem of signal obstruction during air vehicle 
maneuvering. Symbol error probability expressions have been derived to quantify the relative 
performance of dual-antenna systems using traditional transmission and the Alamouti scheme. 
Representative examples demonstrate the dramatic potential impact of this new method. 
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ABSTRACT 
 
Multipath (MP) fading is the dominant channel impairment in many aeronautical 
telemetry links. One product of a recent multipath mitigation study is the discovery of a 
simple technique for detecting its presence over a useful range of conditions. The 
technique also detects significant random noise levels in the channel. This paper 
describes the  “Signal Degradation Indicator” (SDI) and its application to FQPSK-B1 and 
SOQPSK [2] modulation. Laboratory emulation data is presented and implementation 
considerations are discussed. 
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INTRODUCTION 
 
Coherent, hard decision FQPSK-B demodulators produce information that can identify 
certain channel stress conditions. The main motivation to exploit this capability is 
derivation of control signals for diversity branch combining or branch selection 
equipment. Reliable means to anticipate severe fading events in sufficient time for 
diversity equipment to avoid or substantially reduce their impact can be very useful. A 
recent study of FQPSK-B eye patterns and constellations under dynamic MP conditions 
led to a simple extension of the shifted threshold pseudoerror detector (PED) concept that 
detects random noise like a PED, but also detects two and three-ray frequency selective 
fading over a useful range of impairment conditions.   
 
A PED attempts to indicate the margin between a given bit error probability (BEP) 
threshold and current link operating conditions. Since many aeronautical telemetry links 
are intentionally operated with large power margins, the conventional PED is known to 
be of little value. Experiments were conducted with two conventional shifted threshold 
PEDs to see if they could indirectly identify the onset or existence of severe MP fading. 
Results showed that fade conditions sufficiently severe to trigger a PED response are 
usually severe enough to cause coincident demodulator synchronization failure. 
However, visual analysis of dynamic constellation behavior led to the new SDI idea. 
 
                                                           
1 FQPSK-B stands for “Feher’s patented quadrature phase shift keying” [1] 
 



    

   

 
CONSTELLATION DATA 

 
Figure 1 is a baseline FQPSK-B constellation presented in QPSK (time coincident 
symbol) constellation space. It clearly shows the 16 characteristic FQPSK-B target vector 
(TV) locations labeled in terms of the 4 kernel TV’s from which all others arise by 
appropriate sign changes according to FQPSK-B wavelet assembly rules [3]. This 
constellation was measured at the output of an RF Networks model 2120 FQPSK-B 
demodulator (2120) as shown in Figure 2. A reference transmitter supplied high quality 
nonlinearly amplified RF signals at 1.45 GHz to a Telecom Analysis Systems channel 
emulator. An L-3 Communications model RCB2000 receiver provided translation to 
70 MHz IF, front end automatic gain control (AGC) action consistent with aeronautical 
telemetry equipment, and IF bandwidth limiting. An HP3708 Noise and Interference Test 
Set was used to inject noise. The 2120 offers precision post demodulation I and Q 
channel test points and a coherent symbol rate clock. Constellation data were gathered 
with a HP8981B Vector Modulation Analyzer. It facilitates precise removal of I-Q 
interchannel delay (one bit interval), reliable placement of a common synchronous 
waveform sample clock, and automated data capture. Each test point consisted of 2,000 
samples representing 1,000 consecutive constellation vectors at ideal demodulator 
decision instants (mid symbol).  Voltage scales are consistent throughout, but are peculiar 
to the 2120’s scaling. This does not affect generality since FQPSK-B demodulators 
should have consistent internal magnitude scaling of I and Q channel waveforms to 
which these results can be referred. 

 



    

   

 
DETECTING SHORT DELAY MULTIPATH 

 
Representative channel conditions were created by programming a 2-ray specular 
reflection model into the channel emulator [4]. Figures 3a and 3b show the impact of a 
stationary 2-ray notch placed 3 MHz above and below the carrier respectively. Figures 4a 
and 4b result from the same notch placed 1 MHz above and below the carrier. These 
constellations have several remarkable features. Short delay MP distorts the constellation 
asymmetrically in a manner dependent upon the sign of the notch offset frequency ∆f 
relative to the carrier. This response was found to be repeatable and independent of 
carrier phase rotation. In these examples, the product of symbol rate and excess delay rsτ 
is 0.125. Over the approximate range .05<rsτ < 0.8 this form of MP distortion produces 
the visual constellation effect shown. As rsτ begins to exceed 0.8 constellation distortion 
becomes symmetric and related TV variance appears more and more like additive noise 
as rsτ increases. At very low values, the distortion looks more and more like flat fading, 
again becoming indistinguishable from additive noise.  
 
Particularly noteworthy is the fact that no significant contraction occurs with respect to 
the Euclidean decision axes (eye closure) at ∆f values as small as about 0.4 rs. 
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From that point, the constellation collapses inward as ∆f approaches zero. In general, two 
TV groups in diagonally opposed quadrants become concentrated in the neighborhood of 
TV3 while the other pair of TV groups undergoes radial and angular expansion of the TV 
clusters beyond normal coordinate bounds. This is why a conventional PED will not 
respond to short delay MP. 
 
Can asymmetric constellation expansion be exploited to serve as a short delay MP 
detector? The preliminary test of this idea consisted of 32 constellation sample sets 
associated with data rates of 5 and 16 Mb/s and excess delays of 50 and 20 nsec 
respectively. These parameters were combined with delayed (2nd) ray path loss settings of 
Lp = 0.9, 3.3, and 7.2 dB (notch depths of 20, 10, and 5 dB). Initial emphasis was on rsτ 
in the range 0.1 to 0.2. 
 
Raw data were imported to MatLab™ for analysis. On a set by set basis, absolute values 
of I and Q symbol decision amplitudes were independently tested against two threshold 
criteria. An interior threshold of 150 mV was used to mimic a conventional shifted 
threshold PED, i.e., each vector component failing to exceed the interior threshold was 
declared a symbol error. An exterior threshold of 350 mV was used for the new 
approach. Here an error is declared when a vector component exceeds the exterior 
threshold, i.e., samples “outside the box” constitute errors. These thresholds create the 
unusual boxes and error spaces shown in figures 3, 4, 7, and 10. Vector coordinates 
outside the box boundaries in each quadrant are in one of the error spaces. Errors in both 
channels were tallied over the set (1,000 samples each of I and Q) for both criteria. I and 
Q tallies were summed for a total error count. Figure 5 summarizes exterior threshold 
results. Interior threshold tallies are not presented because the 5 Mb/s data did not 
produce any interior tally greater than zero. The 16 Mb/s interior tallies never exceeded 
50 and did not exhibit any clear trends with the threshold values chosen. 
 
The 5 Mb/s curves indicate a symmetric and sensitive response to the MP at ∆f < rs. In 
general, due to the asymmetric nature of the distortion, one would expect no more than 



    

   

one half of the symbol tests to produce errors. Here we see maximum tallies slightly less 
than one fourth of the set size and they decrease as ∆f gets below 2 MHz. The decrease is 
caused by constellation collapse (eye closure begins) as ∆f approaches zero. At 
Lp = 0.9 dB the demodulator lost synchronization at offsets smaller than approximately 1 
MHz which is consistent with the idea that PED response is typically coincident with 
synchronization failure or nearly so.   
 
The small difference in error tallies at Lp = 3.3 and 0.9 dB over the ∆f range is a potential 
source of concern. This behavior is not fully understood yet, but it appears as though eye 
expansion at the decision instant is not a linear function of path loss. Two test points 
placed asymmetrically about the carrier with Lp = 7.2 dB (5 dB notch depth) confirm that 
the curves do separate and the response is not linear. More information is needed to 
characterize Lp sensitivity. Compression of tally magnitude due to nonlinear Lp response 
will not negate the value of the detector as long as suitable threshold tallies can be found 
that are below the point of significant sensitivity reduction and represent important MP 
distortion levels. A preliminary assessment of capability can be started with reference to 
figure 6. It shows minimum required Lp for avoidance of MP induced bit errors for two 
FQPSK-B demodulator designs at three data rates. For the 5 Mb/s data rsτ = 0.125 which 
corresponds to a minimum Lp between 1 and 2 dB. Bit errors occur at 0.9 dB, not at 3.3 
dB but this level is close to the error threshold and, 7.2 dB represents a large MP 
distortion margin. Thus, it appears that an exterior error rate threshold can be set to 
indicate significant distortion in advance of synchronization failure while avoiding errors 
of commission.

Figure 5 - Exterior Errors with Short Delay Multipath
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Figure  6 - Dynamic  2-Ray Multipath Erro r Thre s ho ld

0

2

4

6

8

10

12

14

0.01 0.1 1 10

Normalized Delay - rsτ

M
in

im
um

 2
nd

 R
ay

 P
at

h 
L

os
s -

 d
B

2120, 1 Mb/ s 2120, 16.67 Mb/ s 5450F, 14.7 Mb/ s

 
 
Figure 7 should be reviewed before the 16 Mb/s curves. This baseline constellation 
shows evidence of asymmetric distortion similar to that caused by weak short delay MP 
conditions. The cause is group delay variation (GDV) and gain variation within the 
channel emulator passband. Even though the rated “flat” passband is 23 MHz wide, a 
low-order quadrature demodulator can see its defects.2 While insignificant at 5 Mb/s, at 
16 Mb/s the defects interacted with emulator command settings for ∆f and to a lesser 
extent, Lp. No attempt was made to correct for this so the 16 Mb/s data are less accurate 
than the lower rate information. Returning to figure 5 with this in mind, the 16 Mb/s data 
is not as symmetric, but is otherwise similar. There is a sensitive and repeatable response 
to MP presence. Throughout the short delay tests, eye diagram displays indicated that 
slightly improved sensitivity could be realized if I and Q were sampled about 10% earlier 
than mid-symbol. This was not pursued because such timing offsets would be a major 
complication to SDI implementation. 
 
Qualitative checks at 1 Mb/s and 20 Mb/s revealed consistent behavior for the same rsτ 
values and notch depths. A non-dimensional parameter for SDI response Υ can be 
rationalized:  

( ) (1)                                                                                














 ∆
Φ=∆Φ=Υ

s
s r

frf ττ  

                                                           
2 The manufacturer’s specification limit for passband GDV is ±30 nsec or ±24% of the symbol period at 
16 Mb/s. One rule of thumb says that GDV for QPSK signals is excessive in terms of system loss, if it 
exceeds about 10% of the symbol period [5].  The distortion in figure 7 produces measurable loss of 
detection efficiency. The result is consistent with the rule. 
 



    

   

Figure 5 is plotted in terms of (1) in figure 8. The curves tend to converge, which 
indicates that over some range of  rs,τ, and ∆f, SDI response is a consistent function of 
these variables. More data is needed for full characterization. 
 
 

RANDOM NOISE AND LONG DELAY MP RESPONSE 
 
In order to compare additive white Gaussian noise (AWGN) response of an internal and 
external threshold SDI, MP distortion was disabled. Figure 9 is BEP calibration curve. 
Initial threshold value choices were serendipitous. Interior and exterior detection curves 
are equivalent and well behaved in the sense that they have reasonable slopes and do not 
contain significant cusps or inflections. Clearly, the curves will begin to flatten out at 
BEPs below about 10-5, but reliable detection in the range of 10-5 and higher is quite 
useful. The 16 Mb/s exterior curve offset is due to combined effects of TAS4500 GDV 
and threshold value.  
 
Figure 10 shows the effect of weak long delay MP ( rsτ = 2.0, Lp = 10 dB). The tallies 
were 173 external errors and 240 internal errors. There is some evidence of asymmetric 
distortion, but for practical purposes, the TV sample variance is indistinguishable from 
random noise. Referring back to figure 6, we see that this level of interference is not 
weak in terms of performance impact. Coherent quadrature demodulators are very 
sensitive to intersymbol interference (ISI) in this delay range. The test condition 
produced a BEP of 1.2x10-5 and Lp was less than 1 dB from causing synchronization 
failure. This scheme can detect significant long delay MP with either the external or the 
internal threshold. 



    

   

Figure 8 - Exterior Errors vs. Normilzed Input Variable
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Figure  9 - Erro rs  vs . B EP , AWGN
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SDI DESIGN CONSIDERATIONS 
 
SDI operation requires consistent I and Q waveform scaling relative to absolute 
pseudoerror decision thresholds. Fortunately, scale consistency is also fundamental to  



    

   

good demodulator performance. Well designed demodulators, especially the newer 
digital implementations, satisfy this need. Therefore, addition of a SDI should not impose 
new constraints and can be viewed as an accessory function, albeit invasive.  
 
It can be argued that error counting on both I and Q channels is redundant and the data 
seem to support this notion. However, small interchannel gain imbalances and other bias 
factors like quadrature skew can still exist within a given demodulator. Such 
imperfections can skew SDI results. Aggregate tallies from both channels should tend to 
partially, if not fully compensate for such defects. At this point it is recommended that an 
SDI monitor both channels.  
 
Another source of redundancy is dual thresholds. These preliminary data seem to support 
the idea that an exterior threshold is sufficient for detection of short and long delay MP as 
well as high random noise levels over some range of Rsτ. However, an interior/exterior 
design will allow simple post integration analysis (either in the demodulator or in 
external equipment) to differentiate between short delay MP and the other two 
impairments. System operators may not be concerned with the type of impairment. 
Nonetheless, the cost of implementing dual thresholds is probably small when compared 
with the cost of adding a SDI to begin with, and the ability to differentiate impairment 
types can be of great value to knowledgeable troubleshooters and system designers. 
 
One thousand consecutive vectors was chosen for sample size because it is close to a 
somewhat arbitrary upper bound on time required to acquire, process and transfer a 
sample of channel conditions to subordinate equipment, or to a display. While the data 
are insufficient to estimate tally variance, substantially shorter integration periods are 
likely to yield unreliable information. Efficient modulation like FQPSK-B and SOQPSK 
becomes more important at relatively high data rates. If 1 Mb/s is considered the low end 
of their employment, then 2,000 symbol integration requires a minimum of 



    

   

2 milliseconds plus one bit period, or about 500 samples per second could be available. 
Temporal MP variation is slow enough in all but the most demanding of fixed-wing 
aircraft applications that 500 SDI data points per second would represent serious overkill. 
On the other hand, these rates may be marginal in some missile applications if SDI 
information is used to control diversity processing equipment.   
 
 

CONCLUSION AND ACKNOWLEDGMENT 
 
Preliminary work on a promising SDI concept has been described. Two commercial 
demodulator designs are being fitted with prototype implementations to further explore 
SDI utility and weaknesses. They will produce serial digital SDI messages at 
approximately 500 updates per second and have programmable interior and external error 
thresholds. Once these are available, experiments will be far less labor intensive and the 
work can be extended to SOQPSK modulation. Due to the similarity of FQPSK-B and 
SOQPSK waveforms as seen by the demodulator, it is anticipated that SDI results with 
SOQPSK will differ little from FQPSK-B results. This work is sponsored by the 
Advanced Range Telemetry project, Edwards Air Force Base, California. 
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NOMENCLATURE 
 
Eb/N0 bit energy density to 

noise density ratio 
I in-phase channel 
Mb/s megabits/second 
nsec nanosecond 
 
 
 

QPSK quadrature phase shift 
keying 

Q quadrature channel 
rb bit rate, bits/second 
rs symbol rate, 

symbols/second 
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ABSTRACT 
 
This paper examines two rules for data acquisition that have advantages for today's Flight 
Test Instrumentation (FTI) systems where: 
 

• Data is acquired from physically separate test equipment 
• Deterministic (IRIG-106 (Ch. 4)) and non-deterministic networks co-exist 
• Data Acquisition Units (DAUs) from multiple vendors are required 
• Signal lists and sampling rates change rapidly 
• A time-coherent sampling strategy (even for smart sensors) is required 

 
These rules may aid not only in the selection of the data acquisition equipment but also 
the definition of the sampling, transmission, storage and analysis strategies. 
 
 

KEY WORDS 
 
Isochronous, acquisition-cycle, time-tagging, packet-definition, IRIG-G251, smart 
sensors. 
 
 

INTRODUCTION 
 
There are many questions asked of FTI vendors today: 
 
Can you supply a 1553, CAIS, NexGenBus, smart sensor controller?  
Have you a plan for FC, Firewire, FDDI, 1Gb Ethernet, 1553++, Loadnet?  
Have you thought about non-deterministic networks?     
Can you send packets of data to a certain Solid State Recorder (SSR)?  
Can you guarantee simultaneous sampling?      
Have you thought about packet structures and how they may be handled?  
Can I change my mind later about any of the above?     
 



Many FTI vendors are content to tick these boxes; and explain later the coherency issues 
and the problems of stale, skipped and lost packets. This paper argues that there exist 
some core axioms about which an FTI system must be designed. Obeying these axioms 
supplies a rigorous solution to these challenges rather than simply ticks in boxes.  
 
This paper outlines some of these rules and illustrates some of the problems these rules 
solve. 
 
THE GENERIC PROBLEM 
 
Data is gathered from many sources: 

• Analog to digital converters (strain, accel., video, synchros, and so on) 
• Bus controllers (smart sensors, 1553, 429, CAIS and so on) 
• Bus monitors (too many to mention) 

 
Subsets of this data are being sent to many sinks 

• A few to a cockpit display (VGA, 1553, 429 and so on) 
• A few to a telemetry link (perhaps in packets and hence to a network) 
• A lot to a recorder (e.g. SSR via FC-AE or 1Gb Ethernet or whatever) 

 
How do we correlate, with respect to time, the data from the various sources? 
Furthermore how do we present the data to the various sinks in well-defined, succinct 
packets across networks with limited determinism? 
 
Next, this paper takes an informal look at some old rules by which FTI programs were 
defined. This is followed by some new rules and a discussion of how some of the 
challenges outlined above are met. 
 
 

THE OLD RULES FOR SOLVING THESE PROBLEMS 
 
I) TAG EVERYTHING - With time, stale, skipped and empty (at least)! 
How else can data from the controller gathering data via MIL-STD-1553 be correlated 
with respect to the data gathered from the smart sensor belt and the myriad A/Ds about 
the system? 
 
II) AVOID COMMERCIAL BUSSES - There be dragons! 
There was a time when MIL-STD-1553 was a better choice than Ethernet, mainly 
because the latter did not exist, but even when it did, it was not much faster and had 
"determinism issues". With 1Gb Ethernet is this still the case?  
 
There was a time when we could only dream of "Decomless" telemetry. Again mainly 
because the commercial world was not sending large packets of data via telephony in 
real-time? Is this still the case? 
 
III) FORCE "SIMULTANEOUS SAMPLING MODES" - Whatever that is? 



In those cases where parameters must be sampled "simultaneously" the FTI vendor must 
jump through some ill-defined hoops and support a "broadcast" sample command. We 
won't talk about what that means for parameters at different sampling rates or why we 
just don't do this for all parameters. 
 
IV) DEFINE DATA PACKETS IN DETAIL - Don't trust the FTI vendor! 
How do we specify that all parameters be sent to the recorder and which subset to send to 
the telemetry link? One problem with old FTI systems is that a small change like adding a 
new parameter or changing the sampling rate of an existing parameter often meant a big 
change to the sampling sequence and hence time delays and so on. 
 
 

THE NEW RULES FOR SOLVING THESE PROBLEMS 
 
I) Define an acquisition cycle time during which all parameters everywhere that are 
potentially of interest are sampled at least once. 
 
II) Insist that all parameters everywhere be sampled at the start of the acquisition cycle 
and at even time-intervals thereafter. 
 
These rules are deceptively tricky to understand and implement but are equally 
deceptively powerful once implemented completely. They describe an isochronous 
sampling system (Iso = same, chrono = time).  
 
This goes beyond the mere synchronicity of a PCM stream or the type of "simultaneous 
sampling" boasted of by certain command-response busses. Before looking at the design 
elements of such a system let's first look at some situations where these rules may 
provide clarity. 

 
 

COMMERCIAL NETWORKS – BEYOND MIL-STD-1553 
 
Many ground stations today use networks to share telemetry data among multiple ground 
stations. As these networks get faster and the chip-sets associated with them get smaller it 
seems the next step may be to think of the Data Acquisition Systems (DAUs) from which 
the data was originally gathered as network nodes. 
 
There are a few commercial busses under consideration by the avionics community: 
FDDI, Firewire, ATM, 1Gb Ethernet, and FC-AE to name but a few. It is also worth 
mentioning that considerable effort is being spent on faster, "enhanced", usually optic-
fiber versions of MIL-STD-1553.  
 
Deciding between the various options is not trivial. There are financial, mechanical and 
packet delivery time trade-offs. Once a network is chosen the learning curve is just 
beginning; for example: 
 



• Fiber-channel (FC) is a commercial network standard 
 - They want a very fast SCSI bus. 

• FC-AE is an Avionics Environment group within FC 
 - They want a very fast avionics bus (MIL-STD-1553+) 

• NexGenBus is yet another group with an FTI focus 
- They want a very fast CAIS type bus 

 
This paper does not advocate one bus over another. All the busses discussed above can 
operate comfortably in an environment of isochronous DAUs. In particular, it may be that 
in environments where more than one network is used then the DAUs must be 
isochronous. 
 
This paper argues that, whatever network or flavor of network is chosen, if each DAU 
node is isochronous then at least the data collection or sampling is completely 
deterministic - even if the transfer of that data is not. Now the problem of determinism is 
purely on the receiver (ground station) side.  
 
Figure 1 shows multiple DAUs operating isochronously (the mechanics of this are 
discussed later). Each is gathering data packets during each acquisition cycle. The 
network however transfers these packets in a way that first might appear as anathema to 
an FTI engineer - the DAUs can be read out of sequence and at varying intervals of time. 

Isochronous D AUs as network nodes

Each gathering data at up to 100Mbps

Hi-speed, H i v olum e COTS recorder COTS m odem

4Gbps com m ercial network

IR IG tim e

W ork stat ions

W ors t case t im e buf f er

Coherant analog, audio and v ideo data

Packets  wait ing to be read

Packets  arriv ing out of  order

Ordered packets

AIRCRAFT

GROUND

 
 

Figure 1 - Commercial networks – Beyond MIL-STD-1553 
 



All is not lost! Remember all the data is sampled isochronously within, for example, 
±100ns. The large (super-set) packets going to the recorder can be sorted in time later. 
Also it may be that the even though the order in which the smaller (sub-set) packets are 
transmitted to the ground may change, the worst-case delay may be within some 
acceptable window, for example 300ms. In this case the design task on the ground 
becomes one of building a 300ms buffer on the ground - if a packet is received within 
10ms; delay it by 290ms. For this to work each packet must have a time tag - axiomatic 
for an isochronous DAU network. 
 
 
 



PACKET DEFINITION 
 
It may not be obvious that isochronous systems have advantages with respect to packet 
definition. In particular once the two core axioms of isochronous operation are 
understood then significantly less communication is required when discussing topics such 
as: 
 

• Sub-packets  
For example, a parameter sampled at 20kHz to an on-board recorder is also 
sent at a much slower rate to the ground and at an even slower rate to a 
cockpit meter. Which samples are sent where? 
Another request often made is - only send "interesting data" - if data is 
reduced, the structure of the new packet must be defined (or must it?). 

• Time tagging 
Wouldn't it be great if one time tag tagged all parameters? 

• Packet structure 
What information is needed in a packet? 

 
Below there are two packets of data acquired during one acquisition cycle. One packet is 
going to a solid-state recorder and another, smaller one, is going somewhere else. The 
first element in each file is the packet identifier, the second is the packet’s time tag. Each 
row after that contains samples of a particular signal. 
 

P1234 
2002 03 27 23 59 5999 9999 
0001 0002 0003 0004 0005 0006 0007  0008 0009 000A 
1001 1002  
2001 2002 2003 2004 2005 2006  
3001 3002 3003 3004 3005  
4001 4002 4003 4000 4005  

First (super-set) packet 
 

P1234 
2002 03 27 23 59 5999 9999 
0001 0006  
1001 1002  
2001 2004 
3001 3002 3003 3004 3005  
4001   

Second (sub-set) packet 
 
In an isochronous acquisition system there is a lot of information in these packets.  
 
The packet identifier points to a header packet that need only be sent occasionally. This 
packet contains information on the acquisition cycle time and signal names, ranges, units, 
delays and so on for each row. 
 
The time tag (Tc0) is the precise time that all the samples in the first column of the 
packet were sampled. If the acquisition cycle length is Ta and there are only two samples 
in a row then the second sample was taken at exactly Tc0 + Ta/2 and so on.  



Some observations: 
a) It may be worth considering having the packet identifier and time-tag incorporated into 
any file name associated with the packet, as it would make sorting easier. 
 
b) One time tag tags everything - while this greatly reduces the tag information that must 
be transmitted it also means that even if the sampling rate changes or extra signals are 
added the engineers analyzing the data need not care. 
 
c) Defining data reduction subsets becomes axiomatic. Each set must contain the first 
sample and all samples must be evenly spaced in time. For example see the third row of 
each packet. 
 
d) In the first packet the parameter in row 5 is sampled at 50Hz and row 6 at 60Hz. Time 
correlation of these signals is straightforward. Remember the first sample of each row 
was taken at the same time. 
 
e) In the first packet the parameter in row 7 is also sampled at 60Hz, that means every 
sample in row 6 was taken at precisely the same time, as those in row 7. 
 
 

BUS CONTROLLERS 
 
FTI equipment is often the glue between high-speed busses used to transport all FTI data 
and slower sub-system busses such as MIL-STD-1553,  
ARINC-429, CAIS, smart sensor arrays or legacy 10-wire interfaces.  
 
These sub-systems are typically command-response type architectures not designed for 
isochronous operation. However they can be adapted to co-exist in such an environment 
with immediate advantages with respect to time-tagging and coherency. 
 
Figure 2 shows multiple bus controllers gathering data about their respective busses. For 
completeness data from an analog channel is being sampled along with data from an 
external analog multiplexer or scanner. 
 
The analog signal is sampled at the start of the acquisition cycle and at equal intervals of 
time thereafter. The first sample is stored in address X of a current value table (CVT) the 
second in address Y and so on. So far so good - this would be expected from an 
isochronous channel. However in real life systems there must be an anti-aliasing filter 
and all filters have delays. So even though the A/D sampled the signal at the start of the 
acquisition cycle there is a fixed delay that must be noted. 
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Figure 2 - Different modules in an isochronous environment 
 
The external multiplexer at first seems to violate the rule of sampling all parameters at 
the same time - this cannot be done with a multiplexer. However think of each channel of 
the multiplexer as being sampled after a fixed delay. Design the multiplexer controller to 
step through a sequence of channels at the start of the acquisition cycle and at equal 
intervals of time thereafter. The first sample from channel 1 is stored in CVT address A, 
the second sample from channel 1 in B and so on. 
 
This concept (delays + sequences + equal sample intervals) is then extended to the case 
of the bus controllers. At the start of the acquisition cycle the  
MIL-STD-1553 controller requests data from a given remote terminal and  
sub-address and each data word is stored in a specific address in a CVT. 
 
All this data from a myriad of analog channels and busses is stored coherently in a CVT, 
a snap-shot of which at the end of the acquisition cycle forms a super-set of all the data 
packets for that DAU. Even if the sampling sequence changes radically on one module, 
the other modules do not change, providing the acquisition cycle has remained the same. 
 
With multiple data banks these packets can be stored for as long as it takes the network(s) 
to read the packets. 
 
Furthermore, all these acquisition modules need not be in the same DAU providing all 
the DAUs are operating isochronously. It is very important to note that only the bus 
controllers were affected by the move to isochronicity - none of the remote terminals had 
to be redesigned. One hidden advantage of isochronous systems is that if they work once, 
they work always because everything that happens, happens always. 
 



The next section discusses some of the design implications in designing an isochronous 
distributed data acquisition system. 
 
 

MAKING DAUS ISOCHRONOUS 
 
At first glance it may appear that a simple broadcast at the start of an acquisition cycle to 
all DAUs is all that is required to make multiple DAUs operate isochronously. However 
even with 3ppm oscillators this would require a broadcast every 30ms to guarantee jitter 
of less than ±100ns. This may be an excessive overhead on many networks. By the way, 
100ns jitter is not an unreasonable tolerance for oversampling digital filtering systems. 
 
So an indication of the start of an acquisition cycle, and a regular metronome beat would 
be ideal. Also it may be desirable to have different sampling strategies or modes or 
formats. For example CAIS has program, verify and acquisition modes. Also, it may not 
be possible to always sample everything that might possibly be of interest in every stage 
of the flight - for this reason IRIG-106 Ch.4 supports format switching. 
 
One solution to all three problems has been around the FTI world for decades. IRIG time 
can be connected to all DAUs with control function bits indicating the end/start of an 
acquisition cycle and the format to use during the next acquisition cycle. 
 
The downside of this solution is, at worst, an additional single twisted pair looped to each 
DAU. The advantage however is that all DAUs are now gathering data coherently even 
across multiple airframes. 
 
Remember that it is only bus controllers that are affected - not remote terminals. Also it is 
only network sources that are affected - not the sinks. In other words, the DAUs are 
affected - not the recorders. For example, a COTS SSR that supports an acceptable flavor 
of FC-AE (for example) need not be modified to gather data from multiple DAUs. 
However, each DAU must have enough buffer space to handle any lack of determinism in 
the network. 
 
The final section looks at the various decisions that must be made in choosing an 
acquisition cycle length. 
 
 
 

SOME THOUGHTS ON THE ACQUISITION CYCLE 
 
Imagine an FTI system with multiple PCM streams, some CAIS equipment and a MIL-
STD-1553 controller talking to a cockpit display. 
 



PCM #1 Major and minor frames

PCM #2 Major and minor frames

IRIG-G time cycles
CF bits indicate last cycle

EPOCHs, 1553 or FC cycles

Time
 

Figure 3 - An acquisition cycle and various sub-cycles 
 
PCM streams are often defined using power-of-two rules such as 512 words per minor-
frame, 128 minor-frames per major-frame and 8 major-frames per second.  
 
Fifty cycles per second are often found in MIL-STD-1553 busses. With these two criteria 
alone, 500ms may be the optimum choice for acquisition cycle (500ms = 4 major-frames 
and 25 MIL-STD-1553 cycles). By the way, some smart sensor systems talk of EPOCHs 
- another word for acquisition cycle - that may also have to be factored into the choice of 
acquisition cycle length. 
 
If 500ms is chosen then IRIG-G time (10ms/cycle) would be a better choice than IRIG-B 
(1s/cycle). 
 
If the data packets are too big then the delay in gathering the data might be unacceptable 
(for example audio to ground). Also with a large file losing a small proportion of the file 
means losing a lot. Finally larger acquisition cycles mean that the recovery time from a 
power brown-out is longer.  
 
On the other hand if the packets are too small then the protocol overheads (e.g. packet 
headers or file names) may be excessive, also sampling rates may be pushed too high. 
 
 

CONCLUSION 
 
Forcing various elements of an FTI system to operate isochronously with respect to IRIG 
time requires some investment from each vendor, some training of program groups and 
may require a twisted pair to the controller of whatever network or bus is used to gather 
data.  
 
However, when adhered to, these simple rules provide many advantages with respect to 
interoperability, network independence, future-proofing and packetization. 
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ABSTRACT 
 
Replacing and maintaining sensors in existing legacy systems is costly and time consuming since no 
information beyond voltage or current is supplied by these sensors.  When a sensor is replaced or 
added, information for that sensor has to be incorporated by the software programmer into the main 
system software – a costly and time-consuming process.  A method has been developed to give these 
old sensors the intelligence to meet the requirements of the proposed IEEE P1451.3 standard.  This 
is accomplished with no changes to the legacy hardware and a minor, one time change to the legacy 
main system software.  
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INTRODUCTION 
 
Data acquisition systems that have been in service for a number of years 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 plugging in a replacement sensor or ‘hot swapping.’ A 
major software effort is then required in the ground support equipment (GSE) to input each sensor’s 
unique characteristics on a case-by-case basis.  
 



The system being developed for Edwards AFB discussed in this paper will allow the information 
needed to describe a particular sensor to be located with each individual sensor thus removing the 
requirement of the main system to be programmed with this information.  IEEE P1451-3 compliant 
sensor identification transducer electronic data sheet (SITEDS) information will be located with each 
sensor and will be available to the GSE when the particular sensor is inserted into the system.  A 
device called a Multi-Network Capable Applications Processor (NCAP) is being developed to 
interface the universal smart transducer interface modules (USTIMs) to the AATIS party line (PL) 
bus.  Other buses can be interfaced to the USTIMs by simply reconfiguring the NCAP.  The legacy 
sensors with their associated SITEDS are connected to a USTIM, which resides on an NCAP-
USTIM party line (NUPL) bus with other USTIMs.  This bus is connected to the NCAP that, in turn 
interfaces to an external bus, such as the AATIS PL bus.  A Transducer Electronic Data Sheet 
(TEDS) meeting the proposed IEEE P1451.3 standard will be contained in each USTIM allowing 
future expansion with other compliant devices. 
 
 

PROPOSED IEEE P1451.3 STANDARD, THE IDEAL SOLUTION 
 
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. 
However, from a maintenance standpoint, it is desirable to replace or add sensors with all the 
advantages of the IEEE 1451 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. 
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Figure 1.  Physical context for the transducer interface specification 

 
The proposed IEEE P1451.3 standard contains most of the features needed for the upgrade.  The 
USTIM described above is similar to the Transducer Bus Interface Module (TBIM) in the proposed 
standard.  Figure 1 and Figure 2 represent two possible contexts for the specification. Figure 1 gives 
the electrical connectivity that the interface implements. In this representation there are two 
conductors between the Transducer Bus Controller (TBC) and the TBIMs. These two conductors 
carry both the power and the signals to implement the interface. In the case of the USTM, signal and 



ground are provided over two wires and power is provided over an additional two wires, in 
particular, 28-volt  aircraft power.  The USTIMs and NUPL bus still conform to the proposed 
standard since the standard allows the case where more power is required for a particular TBIM than 
can be supplied over the bus.  In this situation, an auxiliary power source can be used.  In Figure 2, 
the proposed standard shows that DC power, a synchronization signal and communications all share 
a single pair of conductors. The interface between the TBIM and the bus, the TBC and the bus, the 
bus itself and the TEDS that reside in the TBIMs are the subject of the proposed IEEE P1451.3 
specification. 
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Figure 2.  Functional context for the transducer interface specification 

 
A TBIM (USTIM) may be used to sense or control multiple physical phenomena. Each phenomenon 
sensed or controlled shall be associated with a transducer channel in a TBIM (USTIM).  
 
The proposed IEEE P1451.3 standard specifies a synchronization signal as a sine-wave signal that is 
provided to assure that all TBIMs have access to a clock running at the same frequency. The TBIM 
communications is implemented using the Home Phone Network Alliance (HPNA) communications 
standard.  In the case of the USTIMs, a synchronization signal in the form of a square wave is 
provided to all of the USTIMs.  However, the HPNA protocol cannot be used since this system has 
to appear seamless to the legacy system.  This design is being tailored to the AATIS legacy system 
that requires data packets as small as 16 bits to be delivered within a 2.4 µS time frame.  The NCAP 
must forward the command from the AATIS bus over the NUPL bus to the USTIM and return the 
data to the AATIS bus within the 2.4 µS time frame. Since the communication between the NCAP 
and USTIMs adds another level of communication, the NUPL bus must run at a higher speed.  
Commands are sent to the USTIMs within 0.8 µS, data conversions occur within 0.8 µS, and the 
data are returned to the NCAP within 0.8 µS. 
 
 



LEGACY SYSTEM UPGRADE TO IEEE P1451.3 
 
A block diagram of the legacy system 
upgrade is shown in Figure 3. These 
modules contain the intelligence and 
TEDS for each sensor. The modules are 
then connected together on their own 4-4-
wire NUPL bus with other USTIMs, thus 
eliminating the need for the large cabling 
systems that are currently being used.  
 
Changing to the information contained in 
the USTIM modules can be accomplished 
either through the main system, if 
allowed, or though a laptop computer. An 
IEEE 1451 TEDS can be loaded onto a 
USTIM in one of three ways: 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 laptop computer. An IEEE P1451.3 
transducer channel TEDS associated with 
each legacy sensor will be located in a 
small module called a Sensor 
Identification TEDS (SITEDS).  This 
module will be located next to the 
USTIM and plugged into the same 
connector as the sensor.  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 4. The 
USTIM can connect the respective 
transducers directly to the SCU’s party 

line bus through a NCAP as shown connected to the heavy black line in Figure 4.  No additional 
interfaces are required since RS-232 circuits are built into the NCAP for GSE as well as the interface 
to the NUPL bus.  An in-circuit reprogrammable logic device is contained within the NCAP that 
could be reconfigured with a laptop computer to accept other protocols. 
 

Figure 3. Multi-USTIM System Diagram 
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NCAP DESIGN 
 
The NCAP provides the interface between the AATIS party line bus, the USTIM, and the GSE.  The 
GSE interface uses the RS-232 (or RS-422) standard.  The NUPL bus, using a RS-485 interface, is 
used to interface multiple USTIMs to the NCAP.  A top-level block diagram of the AATIS system, 
with the NCAP and USTIMs included, is shown in Figure 5.  As can be seen in the diagram of 
Figure 5, the NCAP allows the USTIMs to interface to the AATIS system control unit (SCU) 
without an Analog to Digital Acquisition Unit (ADAU).  It is also clear that the interface between 
the multiple USTIMs and the NCAP requires only 2 wires compared to the discrete wiring that is 
required to connect each individual ’‘dumb’ transducer or embedded sensor to the signal 
conditioning card (SCC) in the ADAU. 
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Figure 5.  Block diagram of an AATIS system that contains USTIMs and an NCAP 

 
A block diagram of the NCAP is shown in Figure 6.  As can be seen, in addition to the three 
interface blocks (AATIS, RS-485, and RS-232) there is one circuit block that controls the data flow 

through the NCAP.  Because the USTIM 
provides all signal conditioning and data 
conversion that is required for the 
transducers and embedded sensors that are 
connected to it, the NCAP does not need to 
have any processing capability.  Instead, the 
NCAP is strictly a communication device 
that multiplexes multiple USTIM modules 
to the AATIS partly line bus.  This helps to 
minimize fan-out and loading of the AATIS 
party line bus while still providing access to 
a large number of transducers and 
embedded sensors.  It also simplifies the  

                  Figure 6.  Block diagram of the NCAP 
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USTIM design so that the USTIM can be made smaller and cheaper. The NCAP provides the 
interface between the three different buses that are used in the enhanced AATIS system, as shown in 
Figure 6. 
 
 

NCAP DESIGN PHILOSOPHY 
 
The NCAP design was completed with the bulk of the logic contained in a programmable logic 
device (PLD).  This allows flexibility for future upgrades without the necessity of having to change 
the hardware and printed circuit board (PCB) design.  For example, upgrades to the communication 
protocols can be done by reprogramming the PLD.  
 
A picture of the NCAP prototype is shown in Figure 7.  As can be seen in the figure, this board 
includes a DC-DC converter, to isolate the power supply from the board's circuits, and five interface 
connectors.  Two of the connectors, 3-lug and 4-lug twin-ax connectors, are used to connect to the 
AATIS command and reply buses.  A third twin-ax connector will connect to the NUPL bus.  A DB9 
connector provides a standard RS-232 interface to a host computer (or GSE).  A 10-pin, shrouded 
header provides the programming interface for the PLD. 

 
Figure 7.  Photograph of the prototype NCAP board 

 
The NCAP prototype also includes a number of jumpers that can be used to change the termination 
of the AATIS and NUPL bus interfaces.  Grounding of the shield of the interface cable can also be 
selected through jumpers.  Also, the NUPL bus interface can be configured with or without an 
isolation transformer. 
 
 



NCAP-USTIM Party Line (NUPL) 
 
The RS-485 interface was chosen for the NUPL bus because it provides the required communication 
bandwidth with just two wires and readily available COTS components.  Programming the USTIMs 
and loading the TEDS with the GSE is accomplished utilizing a simple, low overhead RS-232 
communication protocol.  At the command level, i.e., interpreting and acting upon the transmitted 
bytes, a simple protocol that is designed specifically for the AATIS system is used.  Again, this is 
being done in order to provide the required data throughput.  Because of the additional level of 
device addressing that must be communicated through the NUPL, the NUPL will operate at 2 to 3 
times the bit rate of the AATIS party line - assuming that a minimal, custom, high-level 
communication protocol is used. 
 
The TEDS information that is contained in the USTIMs will conform to the completed IEEE 1451.2 
standard until the IEEE P1451.3 standard is finalized and approved.  At that time, the TEDS 
contained in the USTIM can be converted to that standard.  The IEEE P1451.3 standard closely 
matches the architecture being used in this program, but the communication protocol contains 
communication overhead, which cannot be used with the AATIS system.  For example, a 15-byte 
communication overhead is used in some cases with the IEEE P1451.3 standard.  If two commands 
are needed, one to trigger the ‘smart sensor’ and one to read the data, then 32 bytes must be 
transferred - including the two data bytes.  With the minimum AATIS command period being 2.4 
µS, this would require a bit rate of over 133 Mbaud on the NUPL bus, which is above the maximum 
rate of 100 Mbaud allowed in this design. 
 
 

USTIM DESIGN 
 
A general purpose USTIM was developed which will satisfy the interfacing requirements of most 
legacy sensors. It was designed to be fully in-system programmable and in-system hardware 
reconfigurable. It contains a nonvolatile memory for the TEDS information, which can be expanded 
within a single integrated circuit.  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). The unit was configured to 
operate from a +3.3 volts direct current (VDC) or +5.0 VDC supply voltage.  
 
Additional features, along with the 8051 core processor, include a high speed 12-bit data acquisition 
system, a programmable logic element, analog inputs which have programmable gain and offsets, 
high speed RS-422 bus interface, and 3.3-volt operation. The block diagram for the USTIM is shown 
in Figure 8.  
 
The USTIM design contains eight fully programmable analog channels. They are fully differential 
for interfacing directly to bridge transducers.   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 analog to digital converter (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. 
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Figure 8.  Block digram of USTIM 

 
 

SENSOR IDENTIFICATION TEDS MODULE 
 
In this system, the sensor or memory units are connected to a USTIM, which is essentially the same 
as the TBIM described in the IEEE P1451.3 D106 draft standard. Since the USTIM is able to 
accommodate a changing number and variety of sensor or memory units, a complete TEDS, as 
described in the IEEE 1451.2-1997 standard, cannot be predetermined and stored in the memory 
module. In addition, data that are not incorporated into the TEDS descriptions in the IEEE 1451.2-
1997 standard is required by the USTIM in order to properly configure the interface hardware to the 
sensor or 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. With this method, all of the 
unique, sensor-specific information and portions of the transducer channel TEDS (including 
appropriate sub-TEDS for the transducer channel TEDS - such as the calibration TEDS) will be 
stored in the SITEDS.  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 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 transducer channel TEDS. 
 
An example of the transducer 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 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 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 or memory units will appear to the overall system to be a standard NCAP and STIM. 
Some of the unique data fields in the SITEDS include: 
 

Excitation Requirement 
Output Type 
Output Range 
Sensitivity Value 
Sensitivity Units 
Manufacturer Cage Code 
Serial Number 
Model Number 

 
The information required for the channel TEDS specified in the IEEE P1451.3 proposed standard is 
shown in Table 1. 
 



Table 1.  Contents of the Transducer Channel TEDS 
Field Name Tag 

Token 
 
Description 

 
Type 

# Octets 

Length  Transducer Channel TEDS Length U32L     4 
  The following four fields contain XML header information. They 

should be at the beginning of each TEDS. 
  

  WBXML Version 1.3 (content = 03)   
  Unknown Public Identifier (content = 01)   
  Charset=USASCII (content = 02)   
  String Table length (content = 00 since no strings are defined)   
TEDSID 0x05 TEDS identifier   U8E      1 
subBlkKY 0x06 TransducerChannel related information data sub-block   
CalibKey 0x10 Calibration Key U8E 1 
XdTypKey 0x11 Transducer Type Key U8E 1 
PhysUnit 0x12 Physical Units UNITS 10 
LimitLR 0x13 Lower Range Limit F32 4 
LimitUR 0x14 Upper Range Limit F32 4 
WCUncrn 0x15 Worst-Case Uncertainty F32 4 
SlfTstKey 0x16 Self Test Key U8E 1 
SubBlkCV 0x07 Data converter related information data sub-block   
DataMdl 0x17 TransducerChannel Data Model U8E 1 
DMdlLen 0x18 TransducerChannel Data Model Length U8C 1 
SgnfntBt 0x19 TransducerChannel Model Significant Bits U16C 2 
DatReps 0x1A Maximum Transducer Data Repetitions U16C 2 
SOrigin 0x1B Series Origin F32 4 
SIncrmnt 0x1C Series Increment F32 4 
SUnits 0x1D Series Units UNITS 10 
SubBlkT 0x08 Timing related information data sub-block   
UpdtT 0x1E TransducerChannel Update Time (tu) F32 4 
WrStpT 0x1F TransducerChannel Write Setup Time (tws) F32 4 
RdSetpT 0x20 TransducerChannel Read Setup Time (trs) F32 4 
SmplngPd 0x21 TransducerChannel Sampling Period (tsp) F32 4 
WarmUpT 0x22 TransducerChannel Warm-Up Time F32 4 
XdRdDlyT 0x23 TransducerChannel Read Delay Time (tch) F32 4 
XdSfTstTR 0x24 TransducerChannel Self-Test Time Requirement F32 4 
SubBlkS 0x09 Time of the Sample Information   
SrcTsamp 0x25 Source for the time of a sample U8E 1 
DfDlyTgS 0x26 Default delay between trigger and sample F32 4 
TgSdlyUn 0x27 Trigger to Sample delay uncertainty F32 4 
SubBlkA 0x0A Attributes sub-block   
AttrbSI 0x28 Sample initiated attributes U8E 1 
AttrbBuf 0x29 Buffered attribute U8E 1 
AttrbEOD 0x2A End of data set operation attributes U8E 1 
AttrbStr 0x2B Streaming attribute U8E 1 
AttrbEdg 0x2C Edge to report attribute U8E 1 
SubBlkSn 0x0B Sensitivity sub-block   
SnsvtDir 0x2D Sensitivity direction  Îc F32      4 
Angles 0x2E Direction Angles Two F32      8 
defaults 0x0C Defaults   
StPwrUp 0x2F Power Up State U8E 1 
OptEvSnFl 0x0D Event Sensor Options Field   
OptEvSn 0x30 Event Sensor Options U8E 1 
Checksum  Transducer Specific TEDS Checksum   U16C      2 

 



Each octet listed in column five is 8 bits long.  The column specifying ‘type’ designates the data 
type.  Unsigned 8-bit integers are designated by U8C for counting.  An unsigned 16-bit integer is 
designated for counting by U16C and field length by U16L.  An unsigned 32-bit integer is 
designated for counting by U32C and field length by U32L. F32 designates a single precision real 
number and F64 a double precision number.  A string is implemented with the sXtensable Markup 
Language (XML) controlled by the document W3C XML 1.0.  Physical units are designated by 
‘Units’ and are 10 octets long. 
 
An EEPROM containing the transducer channel TEDS information, resides at the sensor instead of 
the USTIM, allowing the legacy sensors to become plug-n-play.   Additionally, the 24CXX family of 
EEPROMs is used since it 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 transducer channel TEDS information, 
assuming calibration data are stored as coefficients 
as opposed to a large look-up table array. 
 

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 will not be an issue. Figure 9 shows the 
prototype TEDS, EEPROM module for legacy sensors. These units use the I2C bus to communicate 
with the USTIMs. 
 
An adjustable regulator is shown in Figure 9 (right). This device is capable of supplying 100mA of 
output current with a dropout voltage of 2.0 volts or less at maximum output.  A 1K bit serial 
EEPROM with a voltage range of 4.5V to 5.5V is shown in Figure 9 (left). The device is organized 
as a single block of 128 x 8-bit memory with a two-wire serial interface. Low current design permits 
operation with typical standby and active currents of only 10 µA 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 
devices on the same bus for up to 8K bits of contiguous EEPROM memory.  
 
 

IMPLEMENTING A HYBRID AATIS IEEE 1451-COMPLIANT SYSTEM 
 
The goal is to minimize system impact in downtime for both software and hardware modifications 
during the transition to IEEE-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 IEEE 1451 compatibility.  This will 
be accomplished by containing the sensor software and TEDS information in the USTIMs and using 
the 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 NCAP.  Since the 
NCAP contains in-circuit reconfigurable hardware, its characteristics can be modified with software 
to conform to future system upgrades, bus speed improvements, etc.  Figure 3 shows the system 

Figure 9.  SITEDS EEPROM Adapter, Top 
and Bottom Views 



block diagram and its connection to the party line bus.  The NCAP transfers its data to and from the 
SCU via the party line bus.  Figure 3 also shows that the NCAP effectively isolates IEEE 1451 
compatible devices from the AATIS hardware.  All IEEE compliant sensors present a uniform 
software and hardware interface to the system via the NCAP.  All the calibration, identification, etc., 
is located in the SITEDSs and the USTIMs. 
 
 

EVOLUTION OF LEGACY SYSTEMS 
 
Since fully compliant IEEE 1451 sensors can coexist with USTIM converted sensors as shown in 
Figure 3, legacy systems can gradually be brought to full compliance. New compliant sensors can be 
added as they become available and simply plugged into the NCAP. Since the 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 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 P1451.3 compliant sensors is provided by these components.  
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ABSTRACT 
 
As today’s flight test data acquisition systems grow more complex, there is an urgent 
need for open standards that allow Commercial Off-The-Shelf (COTS) equipment from 
different vendors to be used together. However, there is more to inter-operability than 
getting the wiring right – it flows through from requirements specification to the 
gathering of data. This paper discusses the characteristics of an open system at each 
interface between customer requirements and programming of the Data Acquisition Unit 
(DAU): 
 

• Industry standard specifications for data interchange with databases and 
software packages 

• Human readable file formats for Data Acquisition Unit (DAU) setup 
• Communications link from ground station equipment to DAU  
• Industry standard protocols for interconnection of DAUs 
• Intra-DAU backplane specification to allow custom acquisition functionality 

to be added 
 
Only by providing third-party entry points at all five layers can the goal of an open data 
acquisition system be achieved. 
 
 

OPEN SYSTEMS AND INTEROPERABILITY 
 
The term “open system” generally refers to an interface or technology that is controlled 
by a standards group, is published, and is not specific to a particular vendor. In theory this 
is good, because users can choose the most suitable equipment for a task from any 
vendor, with confidence that they can insert it in their system and get it to work with 
other equipment. In practice, open systems are not always to the benefit of user or 
vendor. Standards committees are bureaucratic and standards regularly lag behind 
available technology. Indeed, focusing on open standards and forcing compliance can 
stifle innovation and exploitation of new technologies. 
 
In fact, an open system in this sense is not necessarily what users require. Users are 
looking for interoperability first and foremost, the ability to mix and match equipment 
from different vendors and not encounter endless headaches trying to get all the 
equipment to work together [1]. 



 
What is required are open “gateways” – published interfaces that allow equipment from 
one vendor to share data and information with equipment from another vendor in a 
controlled manner. This allows innovation and specialization within the (proprietary) 
vendor’s domain, while still guaranteeing freedom of choice for the user.    
 
In the flight test community there is typically a vast range of different types of equipment 
that are interconnected and/or exchange data involved in any flight test program – in the 
air, on the ground and in between. From a user perspective the task of getting these 
systems to inter-operate is crucial to a successful program. But it is not enough to focus 
on one problem area; for example the physical and data layer tackled by the Common 
Airborne Instrumentation System (CAIS) initiative. Today’s programs are complex and 
last for so many years that it is almost impossible to identify all the needs for inter-
operability at the beginning, each aspect of the system needs to be analyzed and as open a 
solution as possible found.  
 
The Holy Grail is the “instrumentation network” and there is ongoing development to 
map out the interfaces that are important to make this network a reality – such as the Joint 
Data Acquisition Network Standards (JDANS) program [2]. This focuses on adapting 
commercial standards to flight test and instrumentation topology requirements 
(NexGenBus [3]) as well as defining message structures for inter-operable equipment. 
Other efforts focus on the “big picture” and are trying to get a unified path from user 
requirement to analyzed data [4a], [4b].  
 
The focus of this paper is specifically on data acquisition (the DAU) and is more short 
term  – what technologies, standards and equipment are available today that are open, and 
are positioned to take advantage of the developments towards the instrumentation 
network.  
 
 

LAYERS OF INTEROPERABILITY 
 
There are five layers of requirements translation from the user specification to samples on 
the DAU: 
 
Requirements Definition 
The user requirements are represented in some form, typically in the form of tables in a 
database or system definition documents. At this level they are expressed completely in 
the user domain without reference to any physical implementation of a data acquisition 
solution.  
 
Instrumentation Definition 
At this level, the generic requirements have been refined to reflect specifics about the 
system; wiring, transducers, topology and so on. Very often this layer reflects proprietary 
information required by a particular DAU vendor. 
 



Communications Interface 
This level translates the setup information from its representation on the ground station as 
ROM files or setup files, to a form and protocol suitable for transmission to the actual 
DAU itself.  
 
Inter-DAU communication 
In distributed acquisition systems data and synchronization control must pass between 
different units.   
 
Intra-DAU communication 
Within the DAU, sampled data must be transferred from the point of sample to storage or 
transmission.  
 
To create a system that is open, vendors must try to open interfaces at and between each 
level to allow inter-operability with other equipment, and users must plan how to 
leverage these gateways through the life of the project. 
 
In the next section we discuss each of these interfaces in more detail.
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REQUIREMENTS DEFINITION 
 
Although the details of the equipment and technologies used may vary, the baseline user 
requirements evolve slowly over time. The number and type of parameters to be sampled 
goes up, the rates go up, the complexity increases, but overall the end goal is the same so 
the core task remains the same. Typically, these requirements are stored in databases, 
often with large amounts of legacy software for parameters management, manipulation, 
analysis and user input. 
 
The transform of this information into a specific requirements representation is one of the 
fundamental problems faced in defining an open system. Typically, products from 
different vendors need to know this information – the DAU needs to know how to encode 
the data, the ground station needs to know how to decode the data. 
 
Solutions used today include:  
 

- Manually enter the data into software through a GUI (usually supplied by the 
DAU vendor). This is tedious, expensive and prone to error. It can be assisted by 
modern GUI standard compliant products, but is ultimately only practical for 
small installation (a few hundred parameters at most).  

 
- Write software to transform the data into the specific requirement representation. 

This is the most practical solution, but the cost and complexity of this task is 
determined almost completely by the nature of the specific requirement 
representation. Despite attempts to standardize this (Telemetry Attributes Transfer 
Standard, TMATS) most vendors use their own (for reasons discussed below). 
Thus the task of writing and maintaining this software could become onerous 
unless the equipment supplier has a carefully structured and extensible 
instrumentation definition.  

 
- Use off-the-shelf tools to transform the data into an international and commercial 

data interchange standard such as XML. This solution requires that the equipment 
used supports XML and that vendors are prepared to supply XML schema for the 
data interchange definition. There is still some software glue required but this 
offers a genuinely open, commercially led solution to this problem. 

 
 
 
 
 
 
 
 
 

 
 
 



INSTRUMENTATION DEFINITION 
 
At this level the generic user requirements are stated in a language that the DAU can 
understand. As stated before equipment manufacturers have tended to define their own 
definition files. 
 
TMATS is an attempt to provide a standards-led open data interchange at this level. It is a 
well thought out and well structured standard and in many cases is the only option for 
interchanging certain types of data between manufacturers. However it has limitations: it 
has a clumsy and non-open way of handling special requirements of equipment 
manufacturers, it is not human readable making it useless for test auditing or record 
keeping, it is difficult to extend beyond current technologies. Furthermore, it is specific to 
the industry – there are few parsers or syntax validators available and they are not free.  
 
Some implementations, such as the XID file used by ACRA CONTROL, try to address 
these limitations by providing a free-form, easily written Instrumentation Language that 
is human readable and, more importantly, extensible. The human reading makes it usable 
as an audit tool – XID files can be stored on CD and used to check or recreate test 
environments (“was the gain on channel 7 really 1000? Or did someone program 100 by 
mistake?”). More importantly, it is divided into scoped sections that have version 
numbers allowing the language to evolve without invalidating files written using previous 
revisions of the standard.  
 
The powerful, non-proprietary XML standard offers another solution [5]. Here 
manufacturers need only publish a schema (or XML grammar) that they can accept. The 
task of generating the Instrumentation definition is greatly simplified by the XML 
standard and tools that are available from many vendors. One such schema has been 
proposed to update TMATS to the 21st century [6]. Using XML, interchange between 
different formats becomes easy to implement – for example ACRA CONTROL freely 
interchange between XID and XML for instrument definition.  
 
 

COMMUNICATIONS LINK 
 
Once the data is in binary form ready for transmission to the equipment, the link becomes 
important. There are many industry standard options here – RS-232, Ethernet, Fibre-
channel, FDDI and so on. Ideally, all equipment should be set up and controlled through 
one interface. In practice this is not generally possible today.  
 
An example of an attempt to address this issue was the CAIS standard. This was partially 
successful in that it provided a documented open standard for physical interconnection, as 
well as the protocols to be used for data transfer. Its failure was that it was very industry 
specific and thus failed to capitalize on the other benefits of open systems: many vendors 
and lower costs due to efficiencies of scale. It also failed to take account of the rapid 
evolution of technology with communications speeds restricted to 10Mbps and the 
maximum addressable setup ROM on equipment restricted to 64kWords.  
 



Learning from this, the currently active NexGenBus standard adopts an industry led 
commercial standard (Fibrechannel) and piggy-backs specific requirements for avionics 
(to handle special needs such as determinism) onto it (FC-AE). While this is undoubtedly 
necessary for a full avionics bus, there is a danger in this for FTI in that the flight test 
community could find itself once again asking for very industry specific developments 
with their associated costs. A better approach for FTI would be to adopt the FC standard 
without extension and solve the determinism problem in another way. 
 
Apart from fibrechannel, Ethernet is being considered as the communications link for 
several programs. This uncertainty about which of the many options will emerge as the 
preferred solution makes selection of an “open” system difficult. The solution is to look 
beyond the currently available options and into the architecture of the system under 
consideration to determine if it is capable of adapting rapidly to the ongoing changes in 
technology.  
 
 

INTERCONNECTION OF DAUS 
 
The issue of interconnecting DAUs from different vendors (or even the same vendor) 
comes down to two issues: 
 

- Inter-DAU control 
- Inter-DAU Data transfer  

 
For inter-DAU control, an open system must avoid proprietary timing diagrams and 
hidden or undocumented protocols. These make debugging difficult and inter-connection 
of different systems impossible without some “glue” technology. A better solution is to 
use existing simple, relatively slow, synchronization signals and standard protocols such 
as IRIG-G251 for transfer of any control information that maybe required.  
 
The transfer of data from DAU to DAU is easier to define in an open way. Options are 
the well-known IRIG-106 PCM standard, or commercial packetized transfer such as 
TCP/IP. The industry trend is towards packetization. To capitalize on this trend today’s 
DAUs should be “protocol neutral”. This can be achieved through an architecture that 
decouples data acquisition from data transmission, and digitizes data as close to the 
source as possible for ease of transmission and broadcast.  
 
Although communication links and interconnection of DAUs are treated separately in this 
paper, in practice there is no technical reason why these two layers cannot be handled by 
the same technology – that Ethernet for example be used to program DAU’s as well as 
move data from one to the other.  
 
 



 
 
 

INTRA-DAU 
 
The lowest level of “openness” possible is a published and open specification that allows 
third parties to design data acquisition or other equipment for direct connection to the 
DAU.   
 
Although this appears to be desirable, in practice it has some problems: bespoke and 
specialized development is expensive, inserting equipment from third parties may 
invalidate the original vendor warranty, vendors may have intellectual property rights tied 
up in their designs which they are understandably reluctant to release. 
 
Where it is beneficial is in situations where the cost/benefit of a third-party development 
is worthwhile, where the details of connectivity to equipment cannot be disclosed to a 
vendor, or where there is concern about a vendor’s ability or willingness to support 
equipment over the life of the program. 
 
In this case the characteristics to look for are that the equipment uses simple, digital 
interface techniques that are unlikely to daunt third parties, and that the vendor is willing 
to support such a development albeit with the protection of non-disclosure agreements or 
other commercial safeguards.  
 
 

CONCLUSION 
 
What this paper has attempted to do is apply a rigorous analysis to what is meant when 
we use the term “open” systems. In a world where there are customers who need to 
interconnect equipment from many vendors, and vendors who are dedicated to serving 
those customers, there is always going to be a tension between “open” and proprietary. 
However, both sides can be satisfied by a careful definition of the various “gateways” to 
a proprietary system. These include: 

- industry standard data interchange languages such as XML 
- published instrument definition language specifications 
- adoption of industry standard communications protocols and technologies for the 

physical interconnection and communication of systems 
 
It is important to avoid FTI specific developments that may lead both users and 
developers into technological dead-ends.  
 
The long-term efforts are leading us to an instrumentation network where different 
subsystems coexist happily in a single integrated environment, communicating through 
open interfaces. In the end, the specifics of the task make a truly open system difficult to 
achieve, but if the dialog between user and vendor is “open”, then the solution is possible 
even with systems available off the shelf today. 
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Abstract 
 

As stated in IRIG 106-93/96/99/00, the purpose of the Telemetry Attributes Transfer 
Standard (TMATS) is; “... provides a common format for the transfer of information 
between the user and a test range or between ranges. This format will minimize the 
'station unique' activities that are necessary to support any test item.  In addition, it is 
intended to relieve the labor intensive process currently required to reformat the 
information by providing the information on computer compatible media, thus reducing 
errors and requiring less preparation time for test support.”  However, it is well known 
that TMATS does not support “Instrumentation” data. Also, TMATS does not include 
many current data conversion formats, or have a way to easily include new formats as 
they are adopted. We believe that such changes will help TMATS reach its full potential 
and become more closely aligned with its stated objectives. It is the hope of the authors 
that this paper will generate support for IRIG to revise TMATS to include these 
important amendments. 
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Part One: History 
 

Since the 1980s, test engineers have faced growing challenges in information 
management for data processing. The number of measurement parameters and sampling 
rates has skyrocketed with every new generation of aircraft and test article. This creates 
more PCM formats, more PCM streams and more configurations of both to deal with on a 
daily basis.  
 
As the manpower available to do these tasks has shrunk, various solutions have been 
pursued. To help engineers manage the configuration of the aircraft instrumentation and 
engineering unit conversion descriptions, the AFFTC Aircraft Information Management 
System (AIMS) was created in 1989, followed by the creation of the IRIG-106 Telemetry 
Attributes Telemetry Standard (TMATS) in 1993. 
 

Part Two: The Problem 
 

These configuration transfer format standards proved successful in supporting a 
tremendous increase in quality and quantity of data produced for flight test engineers and 
in greatly reducing setup time and turnaround. However, today’s data and information 
requirements, which include the need to support instrumentation definitions, have 
outpaced the capabilities of the current standard. 
 
In particular, the following issues and limitations have been identified: 
 
• TMATS does not effectively handle "uneven sampling" of PCM measurements that 

appear both in the Main Frame and Subcommutated locations. This is very common 
in PCM formats. The more advanced PCM decom systems can support formats with 
“uneven sampling”.  The specification can be interpreted in more than one way to 
handle this condition.  One method utilizes extensive subframing, which can then 
cause the field size of the index to exceed the specification.  This also often requires 
the actual subcom depth to be changed to allow for a single definition of the 
measurement.  Sometimes the entire format has to be placed in a single very large 
subframe.  Another method requires that a measurement be defined multiple times, 
depending on the multiple measurement location types required. 
 

• TMATS does not allow a data conversion type such as Coefficients to be used for a 
derived measurement. For example, TMATS allows either Derived Parameter or 
Coefficients or Pair Sets be specified for a measurement, but does not allow Derived 
Parameter to be specified in addition to one of these other Conversion types.  It is 
sometimes necessary to allow the user to define both a derived algorithm and 
coefficients for a measurement. 
 

• TMATS allows a Derived Parameter Algorithm to be defined in free format and it 
does not describe any syntax specification. This has lead to incompatibilities among 
different implementations. 
 

• TMATS does not support Bit Weight Table data conversion type. 
 



• TMATS does not support several common data types, such as various floating point 
data types and embedded time formats.   
 

• TMATS does not allow a Sync Mask for a PCM stream to be specified. 
 

• TMATS does not provide a way to specify Complementing Sync Patterns. 
 

• TMATS supports the MIL-STD-1553 bus messaging, but does not support other 
common bus types such as H009, ARINC-449, or GPS. 
 

• TMATS does not support all MIL-STD-1553 message types (i.e., Broadcast message 
types). 

 
• TMATS does not allow one to specify a Measurement Location associated to a 

command word, a status word, or a time word.  It only allows specifying the number 
corresponding to the data word count. 

 
• TMATS does not support defining instrumentation system configurations, including 

units, unit connectivity, and unit and channel programming attributes. 
 
An early attempt to address some of these problems was the Instrumentation Data 
Exchange (iDx) concept implemented at the AFFTC to handle the new generations of 
flight-test with their increasing data collection requirements.  iDx was designed to 
support the increasingly common test flights collecting in excess of 100,000 parameters 
per test activity or flight, and the increasingly extensive list of off-the-shelf 
decommutation and instrumentation systems and hardware classes that are being used to 
complete these tests. iDx expanded beyond the limitations of AIMS and TMATS to 
include the necessary information for additional aspects of instrumentation and new data 
conversions. 
 
The iDx initiative encompassed all of the engineering unit conversion and 
decommutation meta-data needed for a particular test, whether in the air, range or 
instrumentation, on the ground, or in the lab.  It extended beyond the baseline of AIMS 
and TMATS to include instrumentation hardware network and programming attribute 
descriptions for the system or systems used.  iDx provides a current snapshot of all 
information needed to accomplish data reduction and instrumentation loading. 
 
However, the test community generally never accepts these types of initiatives if they are 
not TMATS compliant.  Even if the initiative encompasses TMATS and has added 
functionality (like iDx), it will historically fail to be accepted.  Each pocket of users will 
generate their own set of “standards” to fill the void not covered by TMATS, thus 
actually going counter to the TMATS objective of; “minimize the 'station unique' 
activities that are necessary to support any test item.” 

 



Part Three: Recommended TMATS Modifications 
 

These recommendations proposed for enhancing TMATS are intended to provide the 
entire engineering unit conversion and process data definition needed for a particular test 
vehicle (aircraft, missile, test bench, or other). They also provide a means to define the 
instrumentation hardware network and programming attributes for the system installed on 
the test vehicle. This definition represents a selected snapshot of what is to be used for 
data reduction and test vehicle instrumentation load. 
 
In order to better handle the case of uneven sampling, our recommendation would be to  
allow multiple instances of the measurement definition.  This would allow the Minor 
Frame (MF), the Minor Frame Supercommutated (MFSC), the Minor Frame Fragmented 
(MFFR), the Subframe (SF), the Subframe Supercommutated (SFSC), and the Subframe 
Fragmented (SFFR), to be used as required to define any uneven sampling that occurs in 
the format.  This method also does not require modifying the subcommutated depth at 
any word position, which would occur in the subframe method.  Another benefit of this 
method is that it would not require a syntax change in TMATS, but only an interpretation 
of the Number of Measurands parameter (D-x\MN\N-y) to be the number of measurand 
definition instances included within the measurement list. 
 
The Derived Parameter specification should be removed as a Data Conversion Type, and 
be allowed to exist as an independent attribute of Data Conversion.  This would allow a 
single measurand to be both Derived and have a conversion such as Coefficients or 
Discrete.  A syntax should be described for the Derived Parameter Algorithm, which 
would be modeled after algebraic notation, such as is used by C or Visual Basic. 
 
Bit Weight should be added as a Conversion Type. This Bit Weight Conversion Type 
allows for a different value (weight) to be specified for each bit position in the raw 
measurement.  Each value does not have to have a relationship to any other value, nor 
does every bit position need to be defined. 
 

C-x\DCT:BWT; 
C-x\BITC\N: { number of bits defined } 
C-x\BIT-n: { bit number } 
C-x\BWT-n: { bit weight value, scientific notation may be used } 

 
 
The following Floating Point Formats should be added: 
 

 C-x\FPF:{ IEEE | 1750A | DEC | CAPS | TMS | IBM } 
 
 
Many tools used for PCM layout use a spreadsheet model that puts the measurement 
name in the cell of the spreadsheet.  Since many measurements can map to the same 
PCM word location it would be desirable to indicate which one is the “parent” 
measurement – the one that should occupy the cell in the PCM layout view.  This is 
especially important when this measurement is the one mapped to the hardware channel, 



and should be used to program the instrumentation.  The following attribute should be 
added to indicate which measurements are the “parent” measurements: 
 
 C-d\MN5: { Y | N | D } for Yes, No, or Default (same as omitting the parameter) 
 
 
For the case where the PCM layout or Bus Words are defined for unit programming, but 
no special engineering unit conversion or descriptive information is required, define the 
Data Conversion Type as “RAW”.  This differs from the “NON” specification.  The use 
of “NON”, for example allows definition of a Measurand that is already in its 
Engineering Unit form with no special conversion required, while “RAW” indicates that 
this is a raw acquisition from a channel, or a raw bus word that is not described as a 
measurand. 
 
 C-d\DCT:RAW; 
 
The capability should be added to specify Complementing Sync Pattern: 
 
 P-d\MF3:CMP; 
 
 
The capability should be added to specify a Sync Mask: 
 
 P-d\MF6: { specify value of mask in ones and zeros } 
 
 
TMATS should include the ability to define bus messages for H009, ARINC-429, and 
GPS.  Include an attribute for Bus Type: 
 
 B-x\BT: { 1553 | H009 | A429 | GPS } 
 
For 1553 Bus, add the ability to define measurements for Command Words, Status 
Words, and Time Words.  This could be done by adding a Message Word Type, that 
would be Data Word, Command Word, Status Word, Command Word2, or Status 
Word2. 
 
 B-x\MWT: { DW | CW | SW | CW2 | SW2 } 
 
A separate attribute would allow defining a Message Time Type for one or more of these 
message words, for example, Time Tag1, Time Tag2, Time Tag3, or Response Time. 
 
 B-x\MTT: { TT1 | TT2 | TT3 | RT } 
 
Define an attribute for Message Type, covering the ten 1553 message types: 
 
 B-x\MT: { SCRT | RTSC | RTRT | BSCRT | BRTRT | MWOD  

| MWDT | MWDR | BMWOD | BMWD } 
 



Add definitions for describing instrumentation hardware networks, including units, unit 
connections, unit attributes, measurement connections to units, and hardware attributes of 
the measurements.  A proposed methodology for doing this is described in the next 
section. 
 

Part Four: Defining a Hardware Network Using TMATS 
 

In order to describe instrumentation hardware using TMATS, one must define the Unit 
Class, Unit Types, Unit Names, Unit Connections, Unit Attributes, Measurement 
Connections, and Measurement Attributes.  In addition to this, the Measurement Names 
for the PCM format structure must be defined so that the format can be reconstructed 
exactly as it was originally defined.  The Measurement Names in the Hardware 
Attributes, H\MN-x, correspond to the same Measurement Names described in the D-
x\MN\N-y attribute (PCM Measurement Description Group), the B-x\MN-I-n-p (Bus 
Data Attributes Group), and the C-d\DCN attribute (Data Conversion Attributes Group).  
This means that the acquisitions the control unit makes to the remote units become the 
“parent” measurements for the PCM format. 
 
In defining many of the Hardware Attributes, such as the Airborne Unit Type, each 
should be unique across the class of instrumentation described.   
 
A hardware network will consist of a specific number of control units, remote units, 
signal conditioning and other types of cards, and connected busses.  Define the Number 
of Units, the Unit System Type of each, the Unit Name of each, and the Unit Type of 
each: 
 
 H\AU\N: { number of Airborne Hardware Units } 
 H\ST-n: { Airborne Unit System Type }  i.e., { SCI | TTC | L3 } 
 H\AUN-n: { Airborne Unit Name } 
 H\AUT-n: { Airborne Unit Type }  i.e., { SCU3 | MSCU | PCU808 | …. } 
 
In the hardware network, the Control Units will be interconnected with Remote Units, 
and the Remote Units may contain addressable slots that contain Signal Conditioning 
Cards or connections to System Busses. Define the number of Airborne Unit 
Connections, the Child Unit Name, the Parent Unit Name, and the Unit Port Address: 
 
 H\AUC\N: { number of Airborne Unit Connections } 
 H\CID-n:  { Child Unit Name } 
 H\PID-n:  { Parent Unit Name } 
 H\UPA-n:  { Unit Port Address } 
 
A hardware unit may contain programmable attributes, such as Bit Rate. Define the 
number of Unit Configurations, the Unit Name, the number of Configuration Attributes, 
the Unit Attribute Name, the Unit Attribute Value, and the Unit Attribute Code: 
 
 H\CFG\N:  { number of Unit Configurations } 
 H\CFU-n:  { Unit Name being configured } 
 H\CFAN-n:  { Unit Attribute Name } 



 H\CFAV-n:  { Unit Attribute Value } 
 H\CFAC-n:  { Unit Attribute Code } 
 
Appendix A contains a set of typical values of the Unit Attribute Names for the 
H\CFAN-n keyword. 
 
Define the PCM Format Configuration Attributes that associate Hardware Attributes 
Group with the Data Link Name as described in the PCM Formats Attribute Group as P-
d\DLN and in the PCM Measurement Description Group as D-x\DLN. 
 
 H\DLN-n: { Data Link Name } 
 H\FUN-n:  { Unit Name of controller that generates PCM stream } 
 H\FNUM-n:  { Format Number in the controller } 
 H\NFCA\N-n  { Number of Format Configuration Attributes } 
 H\FAN-n-m:  { Format Attribute Name } 
 H\FAV-n-m: { Format Attribute Value } 
 H\FAC-n-m:  { Format Attribute Code } 
 
Appendix B contains a set of typical values of the Format Attribute Names for the 
H\FAN-n-m keyword.   
 
Define the number of Measurements, the Measurement Name, the Number of Attributes 
for each Measurement, and the Name, Value, and Code of each Measurement: 
 
 H\NM\N:  {number of Measurements } 
 H\MN-x:  { Measurement Name } 
 H\MUN-x  { Measurement Unit Name } 
 H\MCN-x  { Measurement Channel Number } 
 H\NMA\N-x:  { number of Measurement Attributes for this Measurement } 
 H\MAN-x-y:  { Measurement Attribute Name } 
 H\MAV-x-y:  { Measurement Attribute Value } 
 H\MAC-x-y:  { Measurement Attribute Code } 
 
Appendix C contains a set of typical values of the Measurement Attribute Names for the 
H\MAN-x-y keyword. 
 
Some System Control Units support programmable tracks.  This allows them to generate 
a subset of the PCM stream based on flags set in the programming for the primary PCM 
format.  This information is tracked for a measurement on a PCM word basis, since one 
instance of the measurement may be output to the secondary stream, while another is not.  
The following additional attributes should be added to the PCM Measurement 
Description Group to handle programmable tracks.  They describe the Measurement 
Location, based on the Measurement Location Type required. 
 
For Minor Frame location type: 
 
 D-x\MFP-y-n: { A | B | AB | NONE } 
 



For Minor Frame Supercommutated location type: 
 
 D-x\MFS4P-y-n:  { A | B | AB | NONE }  Interval 
 D-x\MFSP-y-n-e:  { A | B | AB | NONE }  Every Location 
 
For Minor Frame Fragmented location type: 
 
 D-x\FMF5P-y-n:  { A | B | AB | NONE }  Interval 
 D-x\FMF9P-y-n-e:  { A | B | AB | NONE }  Every Location 
 
For SubFrame location type: 
 
 D-x\SFP-y-n: { A | B | AB | NONE } 
 
For SubFrame Supercommutated location type: 
 
 D-x\SFS5P-y-n:  { A | B | AB | NONE }  Interval 
 D-x\SFS7P-y-n-e:  { A | B | AB | NONE }  Every Location 
 
For SubFrame Fragmented location type: 
 
 D-x\FSF7P-y-n:  { A | B | AB | NONE }  Interval 
 D-x\FSF11P-y-n-e:  { A | B | AB | NONE }  Every Location 
 
 

Conclusion 
 

The Telemetry Attributes Transfer Standard has provided a good foundation for 
transferring information from one system or installation to another.  It is the authors’ 
hope that our recommendations for enhancements to the standard will be integrated into 
TMATS, thereby extending and improving its usability. 
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Appendix A – Unit Attribute Names {H\CFAN-x} 
 

Attribute Name Attribute Description 
ACTIVATE_BUS_1 Activate 
ACTIVATE_BUS_2 Activate 
ACTIVATE_BUS_3 Activate 
ACTIVATE_BUS_4 Activate 
ACTIVATE_BUS_5 Activate 
ACTIVATE_BUS_6 Activate 
ACTIVATE_BUS_7 Activate 
ACTIVATE_BUS_8 Activate 
AM_MODE AM Mode 
ANALOG_INPUT_FILTER Analog Input Filter 
BAUD_RATE Baud Rate 
BIT_RATE Bit Rate 
BIT_RATE_1 Primary Bit Rate 1 
BIT_RATE_2 Primary Bit Rate 2 
BIT_RATE_3 Primary Bit Rate 3 
BIT_RATE_4 Primary Bit Rate 4 
BIT_RATE_CODE Primary Bit Rate Code 
BIT_SLIPPAGE Bit Slippage 
BLANK_ENABLE Stale Data Blank Enable 
BLANK_PATTERN Blanking Pattern 
BM_MODE BM Mode 
BROADCAST_CMD Broadcast Command 
BUFFER_MODE Buffer Mode 
BUS_1_ACTIVATE Bus 1 Activate 
BUS_2_ACTIVATE Bus 2 Activate 
BUS_3_ACTIVATE Bus 3 Activate 
BUS_4_ACTIVATE Bus 4 Activate 
BUS_COUPLING Bus Coupling 
BUS_SELECT Bus Select 
BUS_SPEED Bus Speed 
CAL_ENABLE CAL Enable 
CAL_ENABLE MRCI Card Type 
CAPTURE_MODE Capture Mode 
CARRIER_FREQUENCY Carrier Frequency 
CARRIER_MODE Carrier Mode 
CH_1_2_RECEIVE_RATE Ch 1 thru 2 Receive Rate 
CH_1_4_EXCITATION Ch 1 thru 4 Excitation 
CH_1_4_INCRMNT Ch 1 thru 4 Increment On 
CH_1_4_RESET Ch 1 thru 4 Reset Mode 
CH_1_CUT_FREQ Ch 1 Cutoff Frequency 
CH_1_VOLT_SUB Ch 1 VDC Sub Value (mV) 
CH_2_CUT_FREQ Ch 2 Cutoff Frequency 
CH_2_VOLT_SUB Ch 2 VDC Sub Value (mV) 
CH_3_4_RECEIVE_RATE Ch 3 thru 4 Receive Rate 
CH_3_CUT_FREQ Ch 3 Cutoff Frequency 
CH_3_VOLT_SUB Ch 3 VDC Sub Value (mV) 
CH_4_CUT_FREQ Ch 4 Cutoff Frequency 



Attribute Name Attribute Description 
CH_4_VOLT_SUB Ch 4 VDC Sub Value (mV) 
CH_5_6_RECEIVE_RATE Ch 5 thru 6 Receive Rate 
CH_5_8_EXCITATION Ch 5 thru 8 Excitation 
CH_5_8_INCRMNT Ch 5 thru 8 Increment On 
CH_5_8_RESET Ch 5 thru 8 Reset Mode 
CH_5_CUT_FREQ Ch 5 Cutoff Frequency 
CH_5_VOLT_SUB Ch 5 VDC Sub Value (mV) 
CH_6_CUT_FREQ Ch 6 Cutoff Frequency 
CH_6_VOLT_SUB Ch 6 VDC Sub Value (mV) 
CH_7_8_RECEIVE_RATE Ch 7 thru 8 Receive Rate 
CH_7_CUT_FREQ Ch 7 Cutoff Frequency 
CH_7_VOLT_SUB Ch 7 VDC Sub Value (mV) 
CH_8_CUT_FREQ Ch 8 Cutoff Frequency 
CH_8_VOLT_SUB Ch 8 VDC Sub Value (mV) 
CH1_EXCITATION Excitation Amplitude 
CH1_LRVDT_MAX L/RVDT Max Volt 
CH1_LRVDT_NULL 3-Wire L/RVDT Null 
CH1_MODE Mode 
CH1_REF_VOLT 2-Wire Ref Voltage 
CH2_EXCITATION Excitation Amplitude 
CH2_LRVDT_MAX L/RVDT Max Volt 
CH2_LRVDT_NULL 3-Wire L/RVDT Null 
CH2_MODE Mode 
CH2_REF_VOLT 2-Wire Ref Voltage 
CH3_EXCITATION Excitation Amplitude 
CH3_LRVDT_MAX L/RVDT Max Volt 
CH3_LRVDT_NULL 3-Wire L/RVDT Null 
CH3_MODE Mode 
CH3_REF_VOLT 2-Wire Ref Voltage 
CH8_TIME_TYPE CH8 Time Type 
CJC_MODE CJC Mode 
COMPOSITE_MODE_BUS_1 Composite Mode 
COMPOSITE_MODE_BUS_2 Composite Mode 
COMPOSITE_MODE_BUS_3 Composite Mode 
COMPOSITE_MODE_BUS_4 Composite Mode 
COMPOSITE_MODE_BUS_5 Composite Mode 
COMPOSITE_MODE_BUS_6 Composite Mode 
COMPOSITE_MODE_BUS_7 Composite Mode 
COMPOSITE_MODE_BUS_8 Composite Mode 
CURRENT_LIMIT Current Limit Status Wd 
DATA_ALIGNMENT Data Alignment 
DATA_BITS Data Bits 
DEDICATED_SECONDARY_CODE Dedicated Secondary Code 
DIGITAL_INPUT_MODE Digital Input Mode 
DISCRETE_CONFIG Discrete Configuration 
ENABLE Enable 
ENABLE_CH1 Enable Channel 
ENABLE_CH2 Enable Channel 
ENABLE_CH3 Enable Channel 



Attribute Name Attribute Description 
ENABLE_CH4 Enable Channel 
ERR_BITS_CHECK Error Bits in CHECK 
ERR_BITS_LOCK Error Bits in LOCK 
ERR_BITS_SEARCH Error Bits in SEARCH 
EXCITATION_1 Excitation #1 
EXCITATION_2 Excitation #2 
EXCITATION_FREQ Excitation Frequency 
EXCITATION1 Excitation 1 
EXCITATION2 Excitation 2 
EXCITATION3 Excitation 3 
EXCITATION4 Excitation 4 
FILLER_HIGH_WORD Filler High Word 
FILLER_LOW_WORD Filler Low Word 
FILTER_OFFSET Filter Offset 
FILTER_PP_OUTPUT Filter P-P Output 
FILTER1_CUTOFF Filter 1 Cutoff(Enabled) 
FILTER2_CUTOFF Filter 2 Cutoff 
FILTER2_ENABLE Filter 2 Enable 
FILTER2_POLARITY Filter 2 Polarity 
FILTER3_CUTOFF Filter 3 Cutoff 
FILTER3_ENABLE Filter 3 Enable 
FILTER3_POLARITY Filter 3 Polarity 
FILTER4_CUTOFF Filter 4 Cutoff 
FILTER4_ENABLE Filter 4 Enable 
FILTER4_POLARITY Filter 4 Polarity 
FRAME_SIZE Frame Size 
GAIN1 Gain 1 (Enabled) 
GAIN2 Gain 2 
GAIN2_ENABLE Gain 2 Enable 
GAIN3 Gain 3 
GAIN3_ENABLE Gain 3 Enable 
GAIN4 Gain 4 
GAIN4_ENABLE Gain 4 Enable 
GAP_TIME_SEC Gap Time (Seconds) 
GROUP_LATCH Group Latch 
HIGH_PASS_FILTER High Pass Filter 
INPUT_CODE Input Code 
INPUT_SOURCE Input Source 
INPUT_THRESHOLD Input Threshold 
INPUT_TYPE Input Type 
INSTR_BIT Instrumentation Bit 
INSTR_BIT_BUS_1 Instrumentation Bit 
INSTR_BIT_BUS_2 Instrumentation Bit 
INSTR_BIT_BUS_3 Instrumentation Bit 
INSTR_BIT_BUS_4 Instrumentation Bit 
INSTR_BIT_BUS_5 Instrumentation Bit 
INSTR_BIT_BUS_6 Instrumentation Bit 
INSTR_BIT_BUS_7 Instrumentation Bit 
INSTR_BIT_BUS_8 Instrumentation Bit 



Attribute Name Attribute Description 
INTER_MSG_GAP Bus Intermessage Gap 
INTER_MSG_GAP_BUS_1 Bus Intermessage Gap 
INTER_MSG_GAP_BUS_2 Bus Intermessage Gap 
INTER_MSG_GAP_BUS_3 Bus Intermessage Gap 
INTER_MSG_GAP_BUS_4 Bus Intermessage Gap 
INTER_MSG_GAP_BUS_5 Bus Intermessage Gap 
INTER_MSG_GAP_BUS_6 Bus Intermessage Gap 
INTER_MSG_GAP_BUS_7 Bus Intermessage Gap 
INTER_MSG_GAP_BUS_8 Bus Intermessage Gap 
IRIG_CODE_ENABLE IRIG Code Enable 
IRIG_INPUT_CODE IRIG Input Code 
IRIG_MODE IRIG Mode 
LATCH_MODE Latch Mode 
LATCH_POLARITY Latch Polarity 
LOOP_TRACK Loop Track 
LOOP_WIDTH Loop Width 
LOW_PASS_FILTER Low Pass Filter 
MESSAGE_TIME_TAG_CODE Message Time Tag Code 
MODE Mode 
MODE_DATA_DECODING Mode Data Decoding 
MSB_LSB Data Orientation 
NUMBER_TIME_TAG_WORDS Number of Time Tag Words 
OPEN_INPUT Open Input Mode 
OPERATION_MODE Operation Mode 
OUTPUT_CODE Output Code 
OUTPUT_CURRENT Output Current 
PARITY Parity 
PARITY_LOCATION Parity Location 
PLAYBACK_DIR Playback Direction 
POL_AUTO_CORRECT Polarity Auto Correct 
POLARITY Filter 1 Polarity 
POLARITY Polarity 
PRIMARY_GAIN Primary Gain 
PROG_RESPONSE_TIME_MAX Prog Response Time (max) 
RANDOMIZER_MODE Randomizer Mode 
RATE_MULTIPLIER Rate Multiplier 
REFERENCE_CLOCK Reference Clock 
REFERENCE_DEBOUNCE_FLTVAL Debouce Filter 
REFERENCE_INTERVAL Reference Interval 
REMOTE_TERM_31_DECODE Remote Term 31 Decode 
RESPONSE_TAGS Response Tags 
RESPONSE_TIME_BUS_1 Response Time 
RESPONSE_TIME_BUS_2 Response Time 
RESPONSE_TIME_BUS_3 Response Time 
RESPONSE_TIME_BUS_4 Response Time 
RESPONSE_TIME_BUS_5 Response Time 
RESPONSE_TIME_BUS_6 Response Time 
RESPONSE_TIME_BUS_7 Response Time 
RESPONSE_TIME_BUS_8 Response Time 



Attribute Name Attribute Description 
RT_ADDRESS_31_BUS_1 RT Address 31 
RT_ADDRESS_31_BUS_2 RT Address 31 
RT_ADDRESS_31_BUS_3 RT Address 31 
RT_ADDRESS_31_BUS_4 RT Address 31 
RT_ADDRESS_31_BUS_5 RT Address 31 
RT_ADDRESS_31_BUS_6 RT Address 31 
RT_ADDRESS_31_BUS_7 RT Address 31 
RT_ADDRESS_31_BUS_8 RT Address 31 
SDI_DEFAULT SDI Default 
SECONDARY_ENABLE Secondary Enable 
SECONDARY_TRACKS Secondary Tracks 
SIMO_SAMPLE Simultaneous Sample 
STATUS_FLAGS_PCM_WORD Status Flags (PCM word) 
STOP_BITS Stop Bits 
SUB_ADDRESS_0_BUS_1 Sub Address 0 
SUB_ADDRESS_0_BUS_2 Sub Address 0 
SUB_ADDRESS_0_BUS_3 Sub Address 0 
SUB_ADDRESS_0_BUS_4 Sub Address 0 
SUB_ADDRESS_0_BUS_5 Sub Address 0 
SUB_ADDRESS_0_BUS_6 Sub Address 0 
SUB_ADDRESS_0_BUS_7 Sub Address 0 
SUB_ADDRESS_0_BUS_8 Sub Address 0 
SUB_ADDRESS_31_BUS_1 Sub Address 31 
SUB_ADDRESS_31_BUS_2 Sub Address 31 
SUB_ADDRESS_31_BUS_3 Sub Address 31 
SUB_ADDRESS_31_BUS_4 Sub Address 31 
SUB_ADDRESS_31_BUS_5 Sub Address 31 
SUB_ADDRESS_31_BUS_6 Sub Address 31 
SUB_ADDRESS_31_BUS_7 Sub Address 31 
SUB_ADDRESS_31_BUS_8 Sub Address 31 
SUBADDRESS_00_DECODER Subaddress 00 Decode 
SUBADDRESS_31_DECODER Subaddress 31 Decode 
SWAP_BUFFER_LENGTH Swap Buffer Length 
SYNC_1 Sync 1 
SYNC_2 Sync 2 
SYNC_3 Sync 3 
SYNC_4 Sync 4 
SYNC_5 Sync 5 
SYNC_6 Sync 6 
SYNC_HIGH_WORD Sync High Word 
SYNC_LOW_WORD Sync Low Word 
SYNC_MASK_1 Sync Mask 1 
SYNC_MASK_2 Sync Mask 2 
SYNC_MASK_3 Sync Mask 3 
SYNC_MASK_4 Sync Mask 4 
SYNC_MASK_5 Sync Mask 5 
SYNC_MASK_6 Sync Mask 6 
SYNC_WORD_COUNT Number Of Sync Words 
TALK_MODE Talk Mode 



Attribute Name Attribute Description 
TEST_PATTERN Test Pattern 
TEST_PATTERN_CONTROL Test Pattern Control 
THERMOCOUPLE_SCALE Thermocouple LowLimit-E 
THERMOCOUPLE_SCALE Thermocouple LowLimit-J 
THERMOCOUPLE_SCALE Thermocouple LowLimit-K 
THERMOCOUPLE_SCALE Thermocouple LowLimit-T 
THERMOCOUPLE_SCALE Thermocouple Scale 
THERMOCOUPLE_TYPE Thermocouple Type 
TIME_CODE Time Code Generator 
TIME_CODE_INPUT Time Code Input 
TIME_CODE_OUTPUT Time Code Output 
TIME_CODE_RELOAD Time Code Reload 
TIME_MODE Time Generation Mode 
TIME_TAG Time Tag 
TIME_TAG_FORMAT Time Tag Format 
TIMEBASE Timebase 
TRACK_A_RATE Track A rate 
TRACK_A_RATE_MODE Track A rate modulation 
TRACK_B_RATE Track B rate 
TRACK_B_RATE_MODE Track B rate modulation 
WORD_LENGTH_CODE Word Length Code 

 



Appendix B – Format Attribute Names {H\FAN-n-m} 
 
 

Attribute Name Attribute Description 
BIT_RATE_CODE Primary Bit Rate 
BIT_RATE_CODE Primary Bit Rate Code 
CAL_ENABLE CAL Enable 
CH8_TIME_TYPE CH8 Time Type 
CLOCK_SOURCE Clock Source 
CLOCK_TIMING Clock Timing 
CLOCK_TIMING System Clock 
DEDICATED_SECONDARY_CODE Dedicated Secondary 
FILTER_CODE_SOURCE Filter / Source 
FILTER_CODE_SOURCE Filter Code / Source 
FORBIDDEN_CODE Forbidden Code 
FRAME_SYNC_TYPE Frame Sync Type 
INT_PCM_CODE Internal PCM 
INT_PCM_CODE Internal PCM Code 
MODE_SELECT Mode Select 
PARITY Parity 
PARITY TYPE Parity Type 
SECONDARY_ENABLE Secondary Enable 
TRACK_A_RATE Track A rate 
TRACK_A_RATE_MODE Track A rate modulation 
TRACK_B_RATE Track B rate 
TRACK_B_RATE_MODE Track B rate modulation 
UNDEFINED_WORDS Undefined Words 
WORD_LENGTH_CODE Word Length 
WORD_LENGTH_CODE Word Length Code 

 
 



Appendix C – Measurement Attribute Names {H\MAN-x-y} 
 
 

Attribute Name Attribute Description 
AAT_GAIN AAT Gain 
AC_SIGNAL_MUX_SELECT AC Sig MUX Sel 
ADC_OUTPUT_FORMAT ADC Output Fmt 
ADC_REF ADC Ref Voltage 
ADC_REFERENCE_VOLTAGE ADC Ref Voltage 
ADDRESS Address 
ADF_1_GAIN ADF1 Gain 
ADF_2_GAIN ADF2 Gain 
ADF_3_GAIN ADF3 Gain 
ALL_CHAN All Channels 
ATTENUATION Attenuation 
ATTENUATION_FACTOR Attenuation Factor 
AUDIO_RANGE_SELECT Audio Range Sel 
BANK_1 Bank 1 
BANK_2 Bank 2 
BIT PICKOFF POINT #1 Bit Pickoff Point 
BIT_PICKOFF_POINT Bit Pickoff Point 
BIT_PICKOFF_POINT_2 Bit Pickoff Point 2 
BSC_GAIN BSC Gain 
CASCADE Cascade 
CDAU_BOX_STATUS Box Status 
CDAU_SIMULT_SAMPLE Simultaneous Sample 
CDAU_TIME Time 
CH_1_2_OUTPUT Chan 1 and 2 Out 
CH_3_4_OUTPUT Chan 3 and 4 Out 
CH_5_6_OUTPUT Chan 5 and 6 Out 
CH_7_8_OUTPUT Chan 7 and 8 Out 
CH_SWITCH Channel Switch 
CHANNEL_MODE Channel Mode 
CLOCK_POLARITY Clock Polarity 
CLOCK_POLL Clock Polarity 
CLOCK_RATE Clock Rate 
COMMAND_WORD Command Word 
COUNTER Trim Counts 
COUPLING Coupling 
CURRENT_MAGNITUDE Current Magn(mA) 
DATA_CLOCK_POLARITY Data Clk Polarity 
DATA_ENABLE_POLARITY Data Enbl Polarity 
DATA_OUTPUT_FORMAT Data Output Format 
DATA_OUTPUT_MODE Data Out Mode 
DATA_REQUEST_DURATION Data Req Duration 
DATA_REQUEST_INIT Data Req Init 
DATA_REQUEST_POLARITY Data Req Polarity 
DATA_SELECT Data Select 
DATA_TYPE BIM-232-4 Data Type 
DEBOUNCE_TIME Debounce Time 



Attribute Name Attribute Description 
DECIMAL_LABEL Decimal Label 
DEMOD_REFERENCE_SELECT Demod Ref Sel 
DIFF_SINGLE_ENDED Diff Single Ended 
DIGITAL_OUT Digital Output 
DIRECT_SELECT_GAIN Direct Select 
EVENT Event 
FC_OUTPUT_SELECT FC Output Select 
FID_BIT_COUNT Bit Count 
FID_FINAL_VAL Final Value 
FID_IDCMP_TYPE ID Complement 
FID_IDCTR_TYPE ID Counter Type 
FID_INITIAL_VAL Initial Value 
FID_LSB_POS Frame ID Position 
FILTER_GAIN Configuration 
FREEZE_BIT Freeze Bit 
FREQUENCY Frequency 
FSA_MODE FSA Mode 
FSB_MODE FSB Mode 
GAIN Gain 
GROUP_A Group A 
GROUP_B Group B 
I/O_DIRECTION I/O Direction 
I/O_ROUTING_SELECT I/O Routing Sel 
IBIT_PATTERN IBIT Pattern 
INHIBIT_INPUT_POLARITY Inhibit Input Pol 
INHIBIT_PERIOD Inhibit Period 
INHIBIT_POLARITY Inhibit Polarity 
INPUT_RANGE Input Range 
INPUT_SELECT Input Selection 
INPUT_SELECTION Input Selection 
INTERNAL_EXTERNAL_SOURCE Int/Ext Source 
INTERNAL_OSC_AMPLITUDE Int Osc Amp 
LATCH_DISCRETES Latch Discretes 
LOGIC_TYPE Logic Type 
MADAU_SPECIAL_SAMPLE Special Sample 
MEMORY_LOCATION Memory Location 
MESSAGE_TYPE Message Type 
MIN_COUNT Min Count 
MODE Mode 
OFFSET Offset % 
OFFSET_DAC_VALUE Offset DAC Val(V) 
OFFSET_DEGREES Offset Degrees 
OFFSET_VOLTAGE Offset (V) 
OFFSET_VOLTS Offset (V) 
OUT_OF_RANGE Out of Range Status 
PF_GAIN PF Gain 
PHASE_OFFSET Phase Offset(o) 
PIEZO_GAIN PIEZO Gain 
PRIMARY Primary 



Attribute Name Attribute Description 
PRIMARY_GAIN Primary Gain 
RANGE_SELECT Range Select 
READ_MODE Read Mode 
REFERENCE_FREQUENCY Ref Frequency 
RESET_LEVEL Reset Level 
RESOLUTION Resolution 
S1_S3_MODE S1 - S3 Mode 
SAMPLE_RESET Sample and Reset 
SCANNER Scanner 
SDI_CODE SDI Code 
SECONDARY Secondary 
SECONDARY_GAIN Secondary Gain 
SELECT_MODE. Mode 
SELECT_RT_ADDRESS. RT Address 
SELECT_RT_SUB_ADDRESS. RT Sub Address 
SELECT_WORD Word Select 
SERIAL_WORD_LENGTH Serial Word Len 
SHIFT_START Shift Start 
SIM_SAMPLE_ENABLE Simultaneous Enbl 
SIMO_COMMAND Simultaneous Cmd 
SIMO_SAMPLE Simultaneous Smp 
SIMULTANEOUS_SAMPLE Simultaneous Smp 
STALE_FLAG Stale Flag 
SWITCH_BUFFERS Switch Buffers 
SYNC_PERIOD Sync Period 
SYNC_PULSE Sync Pulse 
SYNC_PULSE_DURATION Sync Pulse Duration 
THERMAL_SHUTDOWN Thermal Shutdown 
TIME_CODE_READ_MODE Time Code Read 
TIME_TAG Time Tag 
TIME_TYPE Time Type 
TRANSITION Transition 
TRIP_SELECTION Trip Selection 
USER_FILL User Fill 
USER_INSTRUCTION User Instruction 
USER_SPECIFIED_OFFSET User Specified Offset 
VALUE Value 
VOLTAGE_OFFSET Voltage Offset(V) 
WORD Word 
WORD_LENGTH Word Length 
WORD_NUMBER Word Number 
WORD_TIME Word or Time 
WORD_TYPE Word Type 
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ABSTRACT 
 
Because modern data acquisition systems use digital backplanes, it is logical for more 
and more data processing to be done in each Data Acquisition Unit (DAU) or even in 
each module.  The processing related to an analog acquisition module typically takes the 
form of digital signal conditioning for range adjust, linearization and filtering.  Some of 
the advantages of this are discussed in this paper. The next stage is powerful processing 
boards within DAUs for data reduction and third-party algorithm development. Once data 
is being written to and from powerful processing modules an obvious next step is 
networking and decom-less access to data. This paper discusses some of the issues related 
to these types of processing. 
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INTRODUCTION 
 

As next generation Flight Test Instrumentation (FTI) systems move toward digital 
technology, they are increasingly required to process data in the Data Acquisition Unit 
(DAU). This paper looks at the trade-offs to be evaluated in implementing these 
capabilities.  Some examples of the types of processing tasks that are common in FTI and 
ideally suited to digital processing are: 
 

• Digital signal conditioning 
Provide programmable, accurate filtering, offset, and scaling of incoming analog 
signals 

 
• Program-specific algorithms 

Derive new parameters from direct measurements 
 

• Fatigue monitoring 



Reduce large quantities of data to a small dataset, which summarizes the current 
state of the structure 

 
• Networks and cockpit displays 

Format data into packets for real-time transfer and limit check for alarms and 
displays for pilot and crew 

 
• Data Compression 

Bandwidth for extravehicular transmission may be limited so store all raw data 
onboard, but only transmit a subset of the information for real-time monitoring 

  
This paper argues that there is no single simple solution to these needs. Sometimes a 
general-purpose microprocessor or digital signal processor (DSP) is required, and 
sometimes a simpler state-machine lookup is sufficient. Whichever solution is required, a 
fully bidirectional digital backplane is essential. 
 
 

DEFINITION OF PROCESSING HARDWARE 
 
A DAU often has the primary task of repetitively sampling sensors which transform 
various physical measurements of the test platform into a form that can be transmitted 
and recorded, and also monitoring the various buses used for digital communication 
throughout. 
 
The result of this data acquisition is that digital representations of the monitored channels 
exist for formatting into an output.  Some of this data is in raw form, however, and it may 
be advantageous to perform some sort of calculation or transformation involving the data 
to produce another form that is easier to understand first. 
 
Many things may be done to transform the data including scaling into engineering units, 
compression (e.g. only transmit the difference between the current sample and the last), 
and derived parameter creation where multiple raw parameters are combined in some 
way to form a quantity that is not directly measured.  An example of a derived parameter 
is calculating velocity from changes in position measurements. 
 
Each of the examples above are numeric in nature and are benefited by processing 
hardware that is fast and efficient at these sorts of numeric calculations. 
 
Another aspect of DAU hardware is that it is sometimes desirable for it to interact with 
the test platform.  For example, in order to obtain measurements from an avionics device 
that is connected to the DAU via a MIL-STD-1553 interface, it may be necessary for the 
DAU to temporarily act as a bus controller.  This application calls for a processor that can 
both process logical conditions quickly, and one which has well-supported software 
development resources.  This second aspect is often overlooked and may be the more 
important of the two. 



GENERIC VERSUS SPECIALIZED PROCESSING 
 
A designer has many choices for implementation of processing hardware.  These choices 
include generic solutions which use microprocessors that run programs written for the 
task at hand, and also hardware whose architecture is tailored to perform a particular 
calculation (for example, a Fast Fourier Transform (FFT)).  Most of the calculations 
performed by the processing hardware are repetitive and are aimed at either reducing 
transmission bandwidth or providing real-time information in a special format in addition 
to the raw data being collected. 
 
In general it is possible to design a generic microprocessor-based solution that is more 
flexible than the special-purpose hardware approach, but the dedicated hardware is 
usually simpler and faster.  The simplicity of the special purpose hardware also makes it 
typically more robust. 
 
A good compromise between a general purpose CPU and a specialized circuit design (for 
example a multiplier) is a lookup table implemented in RAM or ROM.  This technique 
allows the sometimes lengthy calculations to be performed once in a non-realtime 
environment and then to be accessed quickly and consistently during a flight. 
 
 

DIGITAL SIGNAL CONDITIONING 
 
A key principle of digital signal conditioning is to digitize the data efficiently.  In other 
words, have as few components as possible between the incoming signal and the A/D. 
Each analog component in the chain adds additional error, especially over the operating 
temperature range. 
 
Older technology A/D devices were simply too large to dedicate a separate A/D for each 
channel of an analog module and still get a reasonable channel density in a system small 
enough to be usable for FTI.  The alternative was to host the instrumentation amplifier 
and pre-sample filtering for each channel (using analog filters) on the module, and then 
pass all signals through a multiplexer prior to a single system-wide A/D.   Figure 1 shows 
this old way of sampling analog signals. Offset adjust is carried out before the A/D, as is 
all the filtering (therefore 6th order+) and this followed by noisy multiplexers. 
 

 
 
 



 
Figure 1 – Two approaches to analog signal acquisition 

 
Figure 1 also shows the modern digital approach which takes advantage of the compact, 
fast 16-bit A/Ds available today, where the digital filtering and offset adjust is carried out 
after an A/D device per channel. The multiplexer(s), and offset adjust circuitry are 
removed and the fixed anti-aliasing filter is much simplified because the A/D samples at 
many times the desired sample rate and filters the signal digitally. 
 
Some of the significant advantages of digital signal conditioning are: fewer analog 
components, better pass-band response, less quantization noise, and less drift with time.  
A detailed treatment of digital filtering is beyond the scope of this paper, but it is 
interesting to note that the processing required for filtering must be on the module itself 
and must be scalable to accommodate more/faster channels.  
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PROGRAM-SPECIFIC ALGORITHMS 
 
There are many simple algorithms that involve taking a few parameters to produce a 
single output. 
 
One popular example is Center of Gravity calculations that involve, for example, fuel 
level readings from several tanks. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 2 – Center of gravity calculations 
 
Another illustrative example is Engine Thrust. This may involve readings from sensors as 
diverse as: fuel flow, airspeed, throttle-position and air pressure. 
 
While these algorithms may be required as part of data reduction they may also be useful 
with respect to onboard real-time display or use. 
 
For the purposes of this paper it is sufficient to note that this type of processing is usually 
more suited to a generic processor with numeric capability and access to data from many 
modules. It is also more likely to be suited to microprocessors or signal processors 
because of the evolving (changing) nature of the algorithms. 
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FATIGUE 
 
Fatigue calculations may not, strictly speaking, be a common request for FTI equipment 
yet. However the issues involved may be interesting with respect to this paper. 
 
Typically many strain gage readings are taken at high sample rates. The data is then 
passed (several times!) through a "filter" as illustrated below.  
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Figure 3 – data passed through a filter 

 
Monotonic points are totally discarded (i.e. not binned or logged). Cycles of amplitude 
less than a user-programmable constant (Amin) are used to increment a count in one of a 
large number of bins as shown below. 
  

0 63
0

63
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64 x 64 = 4096 bins each up to 4 Gsample high  
Figure 4 - Bins 

 
The remaining points and their time tags are logged.  
 
For the purposes of this paper (centralized vs. distributed, and logic vs. processors) the 
following observations can be made:- 
 
The algorithm essentially compares points and cycles with previous points and cycles. 
While this is second nature to processors they can only do one comparison at a time. A 
lookup table implementation can do tens or even hundreds at a time. As for centralized 
vs. distributed, again the answer is probably straightforward. Fatigue analysis involves a 
lot of data reduction, which can be carried out on each channel individually. To avoid 
choking the backplane this is best done on the module. 



 
 

NETWORKED DATA ACQUISTION 
 
An emerging trend in FTI is onboard data networks. This is mainly due to the 
proliferation of networks in the commercial world and the spread of that technology into 
the FTI marketplace. 
 
In order to participate in this new scheme, a reformatting of data from the common IRIG 
Chapter 4 PCM into CCSDS or other packetized structures is required.  There are also 
high-level transfer protocols involved that are widely available in commercial software 
and ruggedized hardware.  This is a case where there is definitely no reason to try and re-
invent the wheel.  There are even special purpose LAN processors that are capable of 
surviving the demanding environments of flight test. 
 
One attendant requirement of this type of data conduit is the need to buffer sizable 
amounts of data.  Again, this is not unique to FTI and the problem has been solved in the 
commercial world and is there for the taking. 
 
As for the program-specific algorithms discussed above, this type of processing is usually 
more suited to a central unit with access to data from many modules. It is also more likely 
to be better suited to microprocessors than dedicated logic because of the complexity of 
the many layers of formatting and flexibility of response required to communicate with 
other network participants and protocols. 
 
 

COCKPIT DISPLAYS 
 
Onboard display of data on a Cockpit Display Unit (CDU) is often much more useful 
when it is simplified to a “go/no-go” level.  Crew tasking is too extensive to require 
interpretation of raw data to decide when a problem exists.  This sort of calculation and 
alarm/limit checking is another ideally suited application for a processor.   
 
In addition to being able to readily digest the data, many contemporary processors have 
inbuilt communications interfaces including common parallel busses (e.g. PCI) that allow 
easy integration with virtually any type of display from the simplest LED indicators to 
sophisticated 3-D graphics.   
 
The elegance of a digital backplane architecture is highlighted here because there is no 
impact on the core data collection by the CDU processing.  Backplane traffic is simply 
monitored by the CDU process and data of interest are captured and converted while 
other data are unimpeded on the journey to onboard bulk storage or encoder modules that 
format it into packets, PCM, or any other format of interest.  Command/response systems 
are archaic by comparison. 
 



 
DATA COMPRESSION 

 
As signal lists and sample rates increase and RF bandwidths do not, the need to evolve 
data compression algorithms grows.  
 
Solutions such as Continuously Variable Sigma Delta (CVSD) modulation appear to have 
applications only in audio data. The loss of d.c. accuracy is hardly worthwhile for a 12:1 
reduction in data. 
 
Another extreme is to take a large number of samples in an acquisition cycle and then 
transmit only the maximum and minimum. While this has the advantage of large and 
constant data reduction, there may well be many “babies thrown out with the bath water”. 
 
A radical approach (only in that it is non-traditional) based on Shannon, involves only 
transmitting enough data to be able to reconstruct the original signal to within some 
tolerable error.  A typical example of this type of reasoning is shown in Figure 5, where 
4096 points (8Kbytes) are passed through an FFT, only those components with amplitude 
above some (perhaps changing) level are transmitted.  

 

Original signal 

Rejection threshold 

Recovered signal 

Time 

Frequency

Time  
Figure 5 – FFT of signal 

 
In this case six points (6 x 12-bits x amplitude and frequency) were all that was required 
to reproduce the signal as shown - a 50:1 compression rate. 
 
One problem is that the reduction rate varies unless a rule such as "give me the x largest 
frequencies" is followed. Another problem is the delay introduced in order to calculate 
and gather the samples and carry out the FFT. 
 



Rather than an FFT it may be possible to use predictive filters (even an FIR might do). 
This would have smaller delays but would also be variable in the compression rate 
obtained. 
 
The type of algorithms discussed above can be implemented in a distributed system with 
a compression engine in each module of each DAU. However, a central processor would 
have the advantage of being able to adjust rejection thresholds based on the information 
levels of other more "important" signals. In other words, signals could be weighted for 
importance and filtered accordingly. For example, multiple strain gauges on a beam 
would have one designated as being more "important", so if information is "lost" it is less 
likely that all information from that structure is lost. 
 
This type of adaptive data reduction would require access to all parameters and would 
therefore be centralized. Due to the evolving nature of the compression algorithm it is 
likely that a signal processor would be required, especially for FFTs. 
 
 

CONCLUSION 
 
There is no single simple solution to the processing power of the next generation FTI 
systems. There are issues with respect to brown-outs and coherency. Sometimes a 
"central" microprocessor or signal processor is required, and sometimes distributed logic 
cores are needed. 
 
Whichever solution is required a fully bidirectional digital backplane is essential. 
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ABSTRACT

This paper is the first of two papers that present a multipath channel model for wideband
aeronautical telemetry. Channel sounding data, collected at Edwards AFB, California at both L-
Band and lower S-Band, were used to generate channel model. In Part 1, analytic and geometric
considerations are discussed and the frequency domain modeling technique is introduced. In Part
2, the experimental results are summarized and a channel model composed of three propagation
paths is proposed.
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INTRODUCTION

Channel models are important for assessing the performance of modulation, equalization, and
coding techniques on real channels. Channel models are usually categorized as either “narrow-
band” or “wideband.” Narrowband channel models are appropriate for situations where the signal
bandwidth is much less than the coherence bandwidth of the multipath fading process [1, Chapter
14]. In this case, the individual multipath reflections are not resolvable in the signal bandwidth.
The resulting channel models are usually multiplicative fading models where a statistical descrip-
tion of the time-varying attenuation is the central focus of the model [2]. Examples of narrowband
fading models include the Rayleigh fading channel commonly used for urban cellular channels
[2], the Rice fading channel commonly used for modeling land-mobile satellite channels [3, 4],
and a narrowband channel model for aeronautical telemetry [5]. Wideband channel models are
used in those situations where the signal bandwidth is on the order of or larger than the coherence
bandwidth of the multipath fading process. In this case, the individual multipath reflections are
resolvable in the signal bandwidth and the channel can be modeled as a tapped delay line with
time-varying coefficients to account for changes in the characteristics of the multipath.

Channel sounding experiments conducted at Edwards AFB, California under the ARTM pro-
gram provide data which have been used to generate an appropriate channel model for wideband
aeronautical telemetry. This work is presented in two parts. In part 1, the analytic and geometric
aspects of multipath interference are summarized. The experimental configuration is described
along with the signal processing used to turn channel sounding data into a channel model. In part



2, the experimental results are summarized. A three-ray channel model is proposed along with the
properties of the reflections.

ANALYTIC CONSIDERATIONS

A wideband channel can be modeled as a tapped delay line with time-varying coefficients to
account for changes in the characteristics of the multipath. If the channel variations are slow
enough, then over a short time interval, the channel can be modeled as a linear, time-invariant
system whose complex baseband impulse response is composed ofL propagation paths and is of
the form

h̃(t) =
L−1∑

k=0

Γ̃k exp {−jωcτ̃k} δ (t− τ̃k) (1)

whereΓ̃k is the complex gain of thek-th propagation path,̃τk is the propagation delay of thek-th
propagation path, andωc is the RF carrier frequency. We label path 0 the line-of-sight path and
normalize the other path gains and delays to the line-of-sight path using

h(t) =
h̃ (t + τ̃0)

Γ̃0

(2)

= δ(t) +
L−1∑

k=1

Γ̃k

Γ̃0

exp {−jωc (τ̃k − τ̃0)} δ (t− τ̃k + τ̃0)

= δ(t) +
L−1∑

k=1

Γk exp {−jωcτk} δ (t− τk) (3)

whereΓk andτk are defined implicitly in Equation (3). A simple 2-ray model (L = 2) based on
a single ground reflection has proven to be a useful propagation model for predicting large-scale
signal strength for systems that use tall towers and for line-of-sight microcell channels in urban
environments [6]. Rummler’s model [7] is a 3-ray (L = 3) model that is a good model for the 6
GHz terrestrial microwave line-of-sight channel. In part 2 of this paper, we show thatL = 3 yields
an accurate model for the multipath observed in aeronautical telemetry applications. In addition,
we provide models which accurately predict the values of the complex gains and delays for the two
reflected propagation paths.

The channel transfer function is the Fourier transform of the channel impulse response. That is

H(ω) = F {h(t)} (4)

= 1 +
L−1∑

k=1

Γk exp {−jωcτk} exp {−jωτk} (5)

The channel transfer function corresponding to the 2-ray channel model (L = 2) is illustrated in
Figure 1. The transfer function is characterized by periodic nulls that occur every1/τ1 Hz. The
depth of the null is determined by|Γ1|. The frequency of the null is determined by bothτ1 and
the quantityωcτ1 + 6 Γ1. Changes in6 Γ1 cause the frequency of null to move, but not the spacing.
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Figure 1: Channel transfer function for the 2-ray channel model.

Changes inτ1 will cause both the frequency and the spacing of the null to change. Note that when
ωc is large, even small changes inτ1 can lead to huge changes in the frequency of the null.

The channel transfer function corresponding to the 3-ray channel model (L = 3) is illustrated
in Figure 2. In this example,Γ1 > Γ2 andτ2 > τ1. This models the case where the first reflection
is a strong short-delay reflection and the second reflection is a weaker long-delay reflection. The
effect of the additional second reflection in this case is to superimpose a “ripple” on the basic
frequency response of the two-ray model. The period of the ripple is determined byτ2 and the
amplitude of the ripple is determined by|Γ2|.

GEOMETRIC CONSIDERATIONS

An understanding of the geometry defined by the airborne transmitter, the ground-based re-
ceiver, and the possible reflecting surfaces helps in quantifying the properties of the multipath
interference observed. The typical flight geometry is illustrated in Figure 3. The flat reflect-
ing surface between the airborne transmitter and ground-based receiver represents the dry lake
beds typical of test ranges located in the deserts of the Western USA. For a receive antenna with
beamwidthθa set at elevation angleθe, a specular reflection with grazing angleθg will only cause
multipath interference when the specular reflection arrives within the main lobe of receive antenna
gain pattern; that is when

θe + θg <
θa

2
. (6)

For aeronautical telemetry applications, antenna beamwidths range from approximately6◦ for the
8-foot L-band antenna to about3◦ for the 15-foot L-band antenna at Edwards AFB. Given this
scenario, multipath interference is most likely to occur when the elevation angleθe is small and the
environmental geometry supports a multipath reflection with a very small grazing angle.
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Figure 2: Channel transfer function for the 3-ray channel model.

aθ

gθ

eθ

iθ

Figure 3: The geometry of the aeronautical telemetry channel.



The physical properties of the specular reflection are well understood in electromagnetic theory
[13]. Given the propagation geometry illustrated in Figure 3, the reflection coefficient can be
modeled as E-field reflection at an interface between free space and a semi-infinite dielectric. For
vertical and horizontal polarizations, the reflection coefficients are

ΓV =

− cos θi +

√
ε0

ε1

√
1− ε0

ε1

sin2 θi

cos θi +

√
ε0

ε1

√
1− ε0

ε1

sin2 θi

(7)

ΓH =

cos θi −
√

ε1

ε0

√
1− ε0

ε1

sin2 θi

cos θi +

√
ε1

ε0

√
1− ε0

ε1

sin2 θi

, (8)

respectively, whereε0 = 8.85×10−12 F/m is the permittivity of free space andε1 is the permittivity
of the reflecting media. For dry earth,ε1 = 3ε0 + 3× 10−4/jωc [13]. As the grazing angle,θg gets
small, the incidence angle,θi, approaches90◦ so thatΓV → +1 andΓH → −1.

Expressions for the delayτ1 and grazing angleθg assuming a flat smooth earth are derived as
follows. The geometry of the flight path assuming a flat-smooth earth is illustrated in Figure 4. In
Figure 4 (a), the transmitter locationT′ = [x′T , y′T , z′T ]T , the receiver locationR′ = [x′R, y′R, z′R]T ,
and the specular pointS′ = [x′S, y′S, z′S]T are plotted on a south-east-up coordinate system [14]
(x′, y′, z′) centered at sea-level at the latitude and longitude of the receiver. For our simple model
of a flat, level reflecting surface, the pointsT′, R′, andS′ reside in a plane as shown. As such, the
three points may by plotted in a new coordinate system(x, y, z) which is produced from(x′, y′, z′)
by a clockwise rotation about thez′ axis as illustrated in Figure 4 (b). The angle of rotation is
φ = tan−1 {xT /yT}. In the new(x, y, z) coordinate system, the transmitter locationT is related
to its coordinates in the old(x′, y′, z′) coordinate system byT = PφT

′ wherePφ is the rotation
matrix given by

Pφ =




cos φ − sin φ 0

sin φ cos φ 0

0 0 1


 . (9)

Similarly, R = PφR
′ andS = PφS

′.
Using simple geometric operations in the new coordinate system, the differential path length

∆ and the grazing angleθg are given by

∆ =

√
(zT + zR − 2zS)2 + y2

T −
√

y2
T + (zT − zR)2 (10)

θg = tan−1

{
zT + zR − 2zS

yT

}
. (11)

For most of the cases of practical interest,yT >> zT , zR, zS so that (10) and (11) are well approx-
imated by truncated Taylor series. Using the Taylor series approximations and the relationship
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Figure 4: Geometric details of a multipath reflection. (a) The geometry of a multipath reflection
in a south-east-up Cartesian coordinate system(x′, y′, z′) located at sea-level at the latitude and
longitude of the receiver. (b) The geometry of the same multipath reflection in the rotated Cartesian
coordinate system(x, y.z).

τ = ∆/c we obtain

τ ≈ 2 (zT − zS) (zR − zS)

cyT

(12)

θg ≈ zT + zR − 2zS

yT

. (13)

For dynamic channel behavior, the time derivatives of the spatial coordinates are computed. If
the transmitter velocity vector isv′T = [ẋ′T , ẏ′T , ż′T ]T , thenvT = [ẋT , ẏT , żT ]T is given byvT =

Pφv
′
T . The corresponding changes inτ andθg are

τ̇ = −2 (zT − zS) (zR − zS)

cy2
T

ẏT +
2 (zR − sS)

cyT

żT (14)

θ̇g = −zT + zR − 2zS

y2
T

ẏT +
1

yT

żT . (15)

Again, for the cases of practical interest,yT >> zT , zR, zS so thatθ̇g ≈ 0. Hence the changes
in the reflections coefficients given by (7) and (8) are negligible. Changes isτ will also be small.
But even small changes inτ will cause significant changes in the over-all phase of the multipath
reflection since the shift since the phase shift isωcτ and the carrier frequencies are in the L-band
(1500 MHz) and lower S-band (2200 MHz).

CHANNEL SOUNDING EXPERIMENTS

Experimental Configuration

The experimental configuration for the channel sounding experiments is illustrated in Figure 5.
A length-127 PN sequence was transmitted using a 10 Mbit/second BPSK transmitter with a 2-
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Figure 5: Block diagram of the experimental configuration used for the channel sounding experi-
ments.

Watt linear power amplifier in a T-39 Saberliner aircraft. The baseband NRZ PCM PN waveform
was filtered by a 7-th order elliptic low-pass filter with a 3-dB frequency of 10 MHz to limit the
spectrum of the resulting RF modulated signal. The transmit antenna was a vertically polarized,
hemispherically omni-directional antenna mounted under the aircraft fuselage. GPS data were
recorded on board the aircraft for data correlation during post-flight processing.

A PN sequence was chosen since it can be used to identify multipath reflections in the received
signal using well-known cross-correlation methods [8]. The cross correlation method identifies a
multipath reflection only when its delay (relative to other propagation paths) is greater than twice
the chip time. In this system, the minimum resolvable delay is 200 ns which is much greater than
the delays produced by the system geometry. While there are multipath reflections that arrive with
delays greater than the 200 ns resolution, the amplitudes are very small and are hard to extract
from the cross correlation data. Some PN cross correlation results for the Edwards AFB data are
presented in [9].

The receiving station used a parabolic reflector which tracked the airborne transmitter. This
antenna was located at the main telemetry receiving complex (Building 5790) at Edwards AFB.



Figure 6: Black Mountain (between points P1 to P2) and Cords Road (between points P3 and P4)
flight paths at Edwards AFB. The receiver for all channel sounding runs was located at Building
5790.

The received signal was downconverted to a linear 70 MHz intermediate frequency, filtered by an
IF bandpass filter, and sampled at 100 Msamples/sec using a high-speed sampling oscilloscope. In
addition, the receiver AGC voltage was sampled at 50 ksamples/sec and tagged with GPS-derived
time stamps for calibration purposes during the post-flight processing.

Two flight paths were used for the channel sounding measurements as illustrated in Figure 6.
The first is Cords Road which is an approximately east-west flight corridor just north of the main
telemetry receiving complex at Edwards AFB. The west end of the Cords Road run is located at
35◦ 5.22′ N, 117◦ 59.98′ W and the east end is located at35◦ 4.95′ N, 117◦ 3.89′ W. The channel
sounding flights conducted along the Cords Road corridor were at an altitude of 5,000 feet. The
second is Black Mountain which is also an east-west flight corridor and is north of the Cords Road
flight path. The west end of the Black Mountain run is located at35◦ 12.26′ N, 117◦ 52.17′ W
and the east end is located at35◦ 11.46′ N, 116◦ 53.90′ W. The channel sounding flights conducted
along the Black Mountain corridor were at altitudes of 5,000 and 10,000 feet. The main telemetry
receiving complex is at34◦ 53.62′ N, 118◦ 0.68′ W at an altitude of 2966 feet. The dry-lake bed
that forms the reflecting surface is at an altitude of 2300 feet.

Two modes of operation were used to produce the data analyzed in this paper. In the first mode,
sampling was triggered by error events generated by the BPSK demodulator. During each trigger
event, the digital oscilloscope recorded 10 consecutive data segments spacedT∆seg seconds apart



Table 1: Experimental Configuration Summary
Carrier Antenna

Flight T∆seg Tseg Frequency Diameter
Number Mode (msec) (µsec) (MHz) (ft) Location Date

10 triggered 200 100 1510.5 8 EAFB 10 Dec 98
11 triggered 150 100 2344.5 15 EAFB 16 Feb 99
12 triggered 250 100 2360.5 8 EAFB 22 Feb 99
18 continuous 20 50 1460.5 4, 8 EAFB 28 Jul 99

with durationTseg = 100 µsec (or 10,000 samples). In the second mode, sampling is performed
continuously but interrupted by data transfer to a file when the sampling oscilloscope memory is
full. The sampling process is performed in short bursts spacedT∆seg = 20 ms apart with duration
Tseg = 50 µsec (5,000 samples). With these numbers, oscilloscope memory allowed the sampling
of 800 segments between data transfer events. In this way, snapshots of the channel impulse
response were produced everyT∆segseconds. These details are summarized in Table 1.

Data Processing

The data processing used samples of the transmitted signalx(nTs) and samples of the received
signaly(nTs), whereTs = 10 ns is the sampling time. The Bartlett method (periodogram aver-
aging) [10] was then used to estimate the power spectral densitiesSxx

(
ejΩm

)
andSyy

(
ejΩm

)
of

x(nTs) andy(nTs), respectively, using theM = 1270-point DFT. (Since the length-127 PN se-
quence is repeated every 127 bits, the transmitted signal is periodic the true power spectral density
of x(t) is discrete [11]. The length of the DFT was chosen to match a single period ofx(nTs) so
that the DFT bin centers are aligned with the spectral lines of the power spectral density.) The DFT
frequency bins areΩm = 2πm/M for m = 0, 1, . . . , M − 1. From these estimates, an estimate of
the magnitude-squared of the channel transfer function is obtained:

∣∣∣Ĥ
(
ejΩm

)∣∣∣
2

=
Syy

(
ejΩm

)

Sxx (ejΩm)
. (16)

Thus
∣∣∣Ĥ

(
ejΩm

)∣∣∣
2

is a sampled version of
∣∣∣Ĥ

(
ejΩ

)∣∣∣
2

, the DTFT of the channel impulse response.

Due to the bandlimited nature of the channel input and corresponding output,
∣∣∣Ĥ

(
ejΩ

)∣∣∣
2

, is also

bandlimited and has support in the frequency domain forW1 ≤ Ω ≤ W2. Let W = [W1,W2] be
this region of support and let

M = {m|W1 ≤ Ωm ≤ W2} (17)

be the set of indices corresponding to the frequency bins in the region of support.

The estimate
∣∣∣Ĥ

(
ejΩm

)∣∣∣
2

is compared with the transfer function of the model to estimate

the model parameters (i.e. the amplitudes and delays of the multipath reflections). We begin by



computing the Fourier transform of the model (3) to obtain

H (ω) = 1 +
L−1∑

k=1

Γk exp {−j (ωτk + ωcτk)} . (18)

The continuous-time channel transfer function (18) is bandlimited by settingH (ω) = 0 for
ωTs 6∈ W . Using the relationship between bandlimited continuous-time systems and the equiva-
lent discrete-time systems [12, Chapter 7], the equivalent discrete-time channel transfer function
is given by

H
(
ejΩ

)
=





1 +
L−1∑

k=1

Γk exp

{
−j

(
Ω

τk

Ts

+ ωcτk

)}
Ω ∈ W

0 else

. (19)

Equation (19) is a function of2(L− 1) parameters which we define as the set

S = {Γ1, τ1, Γ2, τ2, . . . , ΓL−1, τL−1} . (20)

The optimal parameter setSopt is determined using a modified least squares criterion:

Sopt = argmin
S

{ ∑
m∈M

∣∣∣∣10 log10

(∣∣H (
ejΩm ;S)∣∣2

)
− 10 log10

(∣∣∣Ĥ
(
ejΩm

)∣∣∣
2
)∣∣∣∣

2
}

(21)

where the notationH
(
ejΩm ;S)

has been used in place ofH
(
ejΩm

)
to emphasize the fact that the

model is a function of the parameters in the setS. The decibel criterion was chosen to force the
least-squares minimization algorithm to weight modeling errors corresponding to frequencies in
multipath nulls equally with modeling errors corresponding to frequencies with unfaded signals.
This was needed to emphasize the structure of the multipath nulls which depend on the delays
thereby improving the estimates of the delays.

CONCLUSIONS

Channel sounding data collected at Edwards AFB, California can be used to characterize the
multipath propagation observed on the aeronautical telemetry channel. Using a frequency-domain
curve-fitting technique, the parameters of a channel model based on discrete multipath reflections
can be obtained. An analysis of the flight path geometry can be used to determine the validity of
the curve-fitting results. The results of the channel sounding experiments are summarized in Part
2.
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A WIDEBAND CHANNEL MODEL FOR AERONAUTICAL
TELEMETRY — PART 2: MODELING RESULTS

Michael Rice, Adam Davis, Christian Bettwieser
Department of Electrical & Computer Engineering

Brigham Young University

ABSTRACT

This paper is the second of two papers that present a multipath channel model for wideband
aeronautical telemetry. Channel sounding data were collected at Edwards AFB, California at both
L-Band and lower S-Band. Frequency domain analysis techniques were used to evaluate candidate
channel models. The channel model is composed of three propagation paths: a line-of-sight path,
and two specular reflections. The first specular reflection is characterized by a relative amplitude
of 70% to 96% of the line-of-sight amplitude and and a delay of 10 – 80 ns. This path is the result
of “ground bounces” off the dry lake bed at Edwards and is a typical terrain feature at DoD test
ranges located in the Western USA. The amplitude and delay of this path are defined completely
by the flight path geometry. The second path is a much lower amplitude path with a longer delay.
The gain of this path is well modeled as a zero-mean complex Gaussian random variable. The
relative amplitude is on the order of 2% to 8% of the line-of-sight amplitude. The mean excess
delay is 155 ns with an RMS delay spread of 74 ns.

KEYWORDS

Wideband Channel Model, Multipath Fading, Aeronautical Telemetry.

INTRODUCTION

In part 1, a channel model of the form

h(t) = δ(t) +
L−1∑

k=1

Γk exp {−jωcτk} δ (t− τk) (1)

was introduced. This model consists ofL propagation paths. The first term in (1) represents
line-of-sight propagation and is modeled as a unit area impulse function. The second term in (1)
consists ofL − 1 weighted impulses that represent reflections. The weight of thek-th path isΓk

and the delay of thek-th path isτk. The complex exponential quantifies the phase shift due to the
delay.

A method for using channel sounding data collected at Edwards AFB for determining appro-
priate values for the channel model parameters was described in Part 1. In this part, the modeling
results are summarized and a channel model for aeronautical telemetry is proposed.
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Figure 1: A data processing example from Flight 10: (a) Power spectral density of the transmit-
ted signal; (b) Power spectral density of the received signal; (c) Estimate of the channel transfer
function (solid line) and the best 2-ray model fit (dashed line); (d) Estimate of the channel transfer
function (solid line) and the best 3-ray model fit (dashed line).

MODELING RESULTS

Number of Multipath Reflections

The number of multipath reflectionsL represents a trade-off between model accuracy and
complexity. In general, the higherL is, the more accurate the channel model is, but the less useful
it is since information about each multipath reflection is required. With this in mind, the first goal
of our modeling process was to determine the minimum number of paths required to represent the
multipath interference with reasonable accuracy. A thorough examination of the data showed that
L = 3 is a good value. The most extreme case is shown in Figure 1 which plots the modeling
results for a segment of data from Flight 10 along the Black Mountain flight path. The power
spectra of the transmitted and received signals are illustrated in Figure 1 (a) and (b), respectively.

The estimate of the channel transfer function
∣∣∣Ĥ

(
ejΩ

)∣∣∣
2

is shown by the solid line in Figure 1 (c)

and (d). The dashed line in Figure 1 (c) is the best fit for theL = 2 channel model. We observe that
the two-ray model does not possess enough degrees of freedom to represent the structure of the
multipath distortion. IncreasingL to 3 and following the modeling procedure produces the model
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Figure 2: The geometry of the aeronautical telemetry channel.

shown by the dashed line in Figure 1 (d). The 3-ray model is needed to capture the “ripple” effect
observed in the channel transfer function estimate.

All of the data runs measured at Edwards AFB are well modeled by a three-ray model. The
channel consists of a line-of-sight propagation path and two multipath reflections. The first reflec-
tion has a large relative amplitude and short delay and is caused by a specular ground “bounce”
or reflection. This conclusion is supported by using the location information recorded during the
the test flight to compute the system geometry. The second reflection is a much weaker reflection
whose delay is an order magnitude larger. Given the differential path delays observed, we conclude
that this reflection is caused by foothills and low mountains situated in between the airborne trans-
mitter and the ground-based receiver. Since the terrain variations in this region appear random as
the airborne transmitter progresses along its flight trajectory, the characteristics of this multipath
reflection are better modeled as random variables.

Properties of the First Multipath Reflection

The first ray is well modeling as a single “ground bounce” off a flat, smooth earth. The typical
flight geometry, illustrated in Figure 2 reveals why this is so. The flat reflecting surface between
the airborne transmitter and ground-based receiver represents the dry lake beds typical of test
ranges located in the deserts of the Western USA. Using the geometric considerations outlined
in Part 1, the magnitude, phase, and delay of the first multipath reflection predicted by smooth-
earth assumption is plotted in Figure 3 for a 16 second segment of data from the Cords Road
run. Also included in the plot are the modeling results. We observe close agreement between the
predicted values and modeling values forτ1 and|Γ1|. The gap in the modeling results (from about
9 to 14 seconds) is due to the inability of the analysis procedure to model the multipath when the
spectral null is phased so that it does not occur within the band occupied by the transmitted signal.
Variations in the modeling for|Γ1| result from the fact that the earth is not exactly smooth. This
roughness causes some diffuse scattering that reduces the power in the reflection as seen by the
receive antenna.

For an airborne transmitter following the Cords Road flight path at an altitude of 5,000 feet, the
simple geometric model predicts|Γ1| ranges from 0.81 to 0.95 (west to east) andτ1 ranges from
55 to 13 nsec (west to east). Likewise for the Black Mountain flight path at 5,000 feet,|Γ1| ranges



from 0.89 to 0.96 (west to east) andτ1 ranges from 31 to 11 nsec (west to east). At 10,000 feet
|Γ1| ranges from 0.74 to 0.90 (west to east) andτ1 ranges from 87 to 32 nsec (west to east). Model
parameters obtained from the data processing at various points along these flight paths forΓ1 and
τ1 agreed very well with these values.

The dynamic behavior of the first reflection is due to changes in the reflection geometry as
the airborne transmitter proceeds along its flight trajectory. The location of the spectral null is
determined by the overall phase of the multipath reflection which is

θtotal = 6 Γ1 − ωcτ1. (2)

As the airborne transmitter moves through space,6 Γ1 andτ1 change. The rate of change of these
values is determined by the time derivatives of the differential delay delayτ1 and grazing angle
θg. Expressions for these values are derived in Part 1. We note thatθ̇g is negligibly small for the
geometries of interest (i.e.θg is well approximated by a constant) and thatτ̇ is also small. But
sinceωc is large, the product is large enough to observe. As a result,θtotal is proportional toτ̇
and the null appears to “sweep” through the spectral band occupied by the modulated signal. This
phenomenon is illustrated in Figure 4. Note that the null progresses through the signal bandwidth
as small changes in the differential delay impose significant changes inθtotal. A plot of τ̇1 for the
three channel sounding flight paths is shown in Figure 5. The productωcτ̇1 has units rads/sec and
indicates the rate at which the null sweeps across the spectrum. Since the nulls occur every1/τ1

Hz, the time required forωcτ̇1 to change by2π is the time required for the null to sweep through
1/τ1 Hz on a spectrum analyzer.

Properties of the Second Multipath Reflection

The second reflection is a result of bounces off the foothills and mountains along the flight path
for both Cords Road and Black Mountain. Since these terrain features are much more uneven and
unpredictable, the resulting multipath properties appear random in nature. As a consequence, a
statistical characterization is adopted.

A histogram of the complex amplitudeΓ2 for both the Cords Road and Black Mountain runs
are shown in Figures 6 and 7, respectively. In each figure, the solid line is a plot of the Gaussian
probability density function defined by the sample mean and variance. The amplitudes are well
approximated by a complex valued Gaussian random variable where the real and imaginary com-
ponents each have zero-mean and variance1.6× 10−3. Consequently,|Γ2| is Rayleigh distributed
and 6 Γ2 is uniformly distributed.

The delayτ2 is statistically characterized using the power delay profile [1]. The power delay
profiles for Cords Road, Black Mountain, and the two combined are shown in Figures 8, 9, and 10,
respectively. The mean excess delayτe and the delay spreadστ are summarized as follows:

Flight 18 Flight 18 Flight 18
Cords Road Black Mountain All Data
(5,000 ft) (5,000 ft) (5,000 ft)

τe 155 ns 154 ns 155 ns
στ 77 ns 61 ns 74 ns
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Figure 3: A comparison of the predicted multipath parameters (dotted lines) with the measured
values (solid lines) at timestamp 18:10:05 during Flight 18 at Edwards AFB: delay (top), phase
(middle), magnitude (bottom).



Figure 4: A sequence of channel transfer functions for Flight 18. Each slice in the plot is a plot of
the channel transfer function based on the best fit model parameters.

The dynamic behavior of the second reflection characterized using the autocorrelation function

RΓ2(∆t) = E {Γ2(t)Γ
∗
2(t−∆t)} (3)

≈ 1

N

N−1∑
n=0

Γ2(n)Γ∗2(n−∆t) (4)

where the notationΓ2(n) means the model parameterΓ2 obtained from the data corresponding to
then-th segment. A plot of this function for a 16 second interval from the Cords Road run at 5000
feet is shown in Figure 11. This plot, typical of all data runs at Edwards AFB, shows that the
sequence ofΓ2 is uncorrelated. As such,Γ2 changes rapidly with position (and time).

CONCLUSIONS

Channel sounding data collected at Edwards AFB, California was used to characterize the
multipath propagation observed on the aeronautical telemetry channel. A channel model based
on an analysis of this data was developed and presented. The channel model consists of three
propagation paths: a line-of-sight propagation path and two specular reflections. The first specular
reflection is well modeled as a single ground bounce from a flat, smooth earth. The amplitude
and delay are determined from the flight profile. For the flight paths used for channel sounding
experiments, the amplitude of this path ranged from 70% to 96% of the line-of-sight path and the
delay was 10 – 80 ns relative to the line-of-sight path. The dynamic behavior of this reflection was
also analyzed. It was shown that small changes in the position of the airborne transmitter cause the
spectral null associated with this multipath reflection to sweep through the spectral band occupied
by the modulated signal.
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The second reflection is a much lower amplitude propagation path that is caused by irregular
terrain (foothills and mountains) along the propagation path. Since the irregular terrain varies in
an unpredictable way, the amplitudes and delays appear to vary randomly. The amplitude is well
modeled by complex valued, zero-mean Gaussian random variable. The resulting amplitude is
on the order 2% to 8% of the line-of-sight amplitude. The sequence of complex amplitudes is
uncorrelated which indicates rapid variations in time and space. The mean excess delay is 155 ns
with an RMS delay spread of 74 ns.

The dominant feature of the multipath interference is the spectral null generated by the first
multipath reflection. The time variations of this reflection depend on the flight path of the airborne
transmitter and are slow enough to be tracked by an adaptive equalizer. The second multipath
causes a small amplitude “ripple” in the channel transfer function that varies quickly with time. The
changes in this ripple are probably too rapid to be tracked by an adaptive equalizer. Fortunately,
this characteristic is not the dominant multipath distortion on this channel.
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Figure 6: Cords Road data set from Flight 18 at Edwards AFB. Histograms of the real (top graph)
and imaginary (bottom graph) parts ofΓ2 compared with a Gaussian pdf formed from the mean
and variance of each data set.
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Figure 7: Black Mountain data set from Flight 18 at Edwards AFB. Histograms of the real (top
graph) and imaginary (bottom graph) parts ofΓ2 compared with a Gaussian pdf formed from the
mean and variance of each data set.
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Figure 8: Power delay profile for second multipath reflection. Data shown here was collected at
Edwards AFB along the Cords Road flight path during Flight 18.
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Figure 9: Power delay profile for second multipath reflection. Data shown here was collected at
Edwards AFB along the Black Mountain flight path during Flight 18.
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and 9.
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ABSTRACT 
 
A series of RF channel flight characterization tests were recently run to benchmark multi-path 
performance of high-speed quadrature amplitude modulation (QAM) over the ocean surface. The 
modulation format was differential-phase/absolute-amplitude two level polar 16 QAM. The bit rate 
was 100 Megabits per second with a symbol period of 40nS. An aircraft radiated the test signal at 5 
different altitudes. It made two inward flights, on two different days, at each altitude with vertical 
and horizontal polarization, respectively. Receivers, using circular antenna polarization, were in two 
different locations. Analysis of the resulting data shows flat fading and frequency selective fading 
effects. 
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BACKGROUND 
 

The High Explosive Radio Telemetry (HERT) is a telemetry system that was developed to measure 
the initial performance of an explosive package in flight. The key period of interest during the 
explosive event occurs during the first 500 microseconds or less. This requires a telemetry system 
with accurate, fast time resolution (10 nanoseconds), and the ability to get the data transmitted 
before the system is destroyed. The telemetry system is designed to affect the resources of the re-
entry vehicle (RV) as little as possible by minimizing the size and power requirements. Initially, it 
is capable of measuring 32 time-of-arrival events into special fiber sensors. This will ultimately be 
expanded to 64 or more channels. A specially designed QAM modulation is used to enhance the 
data transmission rate while keeping the required signal-to-noise margin to an acceptable level. To 
minimize signal dropouts, it was also important to be able to easily recover the signal non-
coherently as well as coherently. While the system was designed for end event time of arrival 
measurements, it is being evaluated for other high-speed general-purpose telemetry needs as well. 
 
This modulation method has been previously used for data transmission from a HERT unit in an 
RV, but not near the ocean surface. Non-equalized multi-path performance had been calculated by 



theoretical methods and simulations. This test has allowed us to verify the RF channel 
characteristics, evaluate the modulation method’s viability for high-speed data transmission over the 
ocean surface, and to help develop multi-path equalization methods, permitting data recovery under 
even the most severe conditions of frequency dependent fading. 
 
 

HERT RF MODULATION METHOD 
 
A non-standard method of digital RF modulation and demodulation (covered by one 3/98 and two 
4/01 Honeywell KCP invention disclosures) is used, different from any standard QAM, 
"Differential-Phase/Absolute-Amplitude Polar QAM", which is a hybrid of differential and absolute 
referencing. As implemented specifically for HERT with a polar 16QAM pseudo-constellation, 
there are 16 differential phase values and two absolute amplitude level values. An absolute-
phase/absolute-amplitude constellation consisting of 32 points is used to generate the 16 
differential-phase/absolute-amplitude pseudo-constellation points. For each absolute constellation 
point sent, the differential phase of the differential-phase/absolute-amplitude symbol being sent is 
encoded directly into the phase transition from the previous absolute state to the present absolute 
state. That is, every phase is referenced to the previous phase. The absolute amplitude of the 
differential-phase/absolute-amplitude symbol being sent is the absolute amplitude level of the 
present absolute state. Continuous amplitude referencing is accomplished by looking at high to low 
and low to high amplitude transitions to identify constellation outer circle values, maintaining an 
average of these values, and using this to scale the data appropriately. One major advantage of this 
method is that it allows either coherent or non-coherent demodulation. This is an important 
flexibility to have; in case the signal degradation is such that coherent carrier recovery is not 
successful, data can still be recovered through non-coherent demodulation. When coherent carrier 
recovery is possible, however, then coherent demodulation can be done with a significant 
improvement in BER vs Eb/No over non-coherent demodulation. The method also allows tuning 
out transmitter hardware constellation errors. The polar format, in addition to allowing phase to be 
directly differentially encoded, is less sensitive to constellation distortion due to amplifier 
compression.  
 
 

TEST DESCRIPTION 
 

In early March of 2002 the authors traveled to Monterey, CA, and joined with Sandia Livermore 
personnel for a joint airplane flight test of the custom-developed High Explosive Radio Telemetry 
(HERT) and the latest FQPSK system. HERT transmitted at 100Mbits/sec (40nS symbol period) 
using Differential-phase/Absolute-amplitude polar 16 QAM. (FQPSK, used by Sandia Livermore, 
transmitted at 20Mbits/sec.) The focus of the test was multi-path performance over the ocean 
surface. Operating HERT at this high data rate (40nS symbol period) is much more vulnerable to 
frequency dependent fading than operating HERT at slower data rates. 
 
One receiver was placed at Point Sur lighthouse at an altitude of 230 feet above the ocean surface 
and the other on a boat with the antenna placed just up off of the ocean surface. The Point Sur 
lighthouse location simulated a tower receiver located at a much greater distance from an RV entry 
path, either on a ship or land. Point Sur was chosen because it significantly juts out into the ocean 



away from land objects that could add to the multi-path clutter. Additionally, the lighthouse 
provided a convenient place to set up receiving equipment directly overlooking the ocean. The boat 
antenna simulated buoy telemetry receiver configurations that will be used in the future near RV 
splashdown sites. This test was run over two different days to provide for some variation in sea state 
conditions. Luckily, the first day was very calm and the second day of testing was a very rough sea. 
Thus, multi-path data was captured for evaluation under these two very extreme conditions. This 
information helps us evaluate the effectiveness of this novel modulation scheme for missile 
telemetry and event telemetry applications. 
 
The airplane flew with both test transmitters, through various altitudes and distances from the boat 
and lighthouse, corresponding to points along an RV flight path. HERT data was transmitted in 
33uS bursts with one burst every 40mS. Operation of receiver hardware, effects on demodulation, 
and methods for equalization were evaluated. Data was collected over multiple wavelength changes 
in the difference between the line of sight and the ideal reflected multi-path ray. The real time signal 
strength variation was recorded as well. 
 
Additional data was taken by testing HERT signal transmission from lighthouse to boat during a 
rain storm, and from Hurricane Point (across the bay) to lighthouse. 

 
 

GENERAL TEST RESULTS 
 

The following results were observed after analysis of the HERT data collected during these Point 
Sur transmission tests conducted on a Tuesday and a Friday, with sea conditions being much calmer 
on Tuesday than Friday: 
 
1.) The boat data was received without significant problems for all altitudes and both polarizations. 
On Friday some data segments had degradation not present on Tuesday’s data, apparently due to 
rough sea causing the antenna to point down into the waves as the boat was often tossed about, with 
the transmitted signal shadowed by waves. Mostly flat fading was observed on the boat data. Some 
frequency dependent fading was occasionally observed as well and is thought to be due to 
reflections from the ship radar mast into the receive antenna. This is because the multi-path delays 
for boat frequency dependent fading were consistently 40nS, corresponding to the approximate 
distance from the receive antenna to the ship radar mast. 
 
2.) Lighthouse data received from aircraft was unfortunately degraded due to: 
 

a.) In-band interference from commercial satellite radio signals in bands 2341.3 to 2345 
MHz (-8.7 to -5 MHz from the HERT center frequency used of 2350MHz) and 2332.5 to 
2336.2 (-17.5 to -13.8 MHz from HERT center frequency). The interference strength 
relative to the HERT signal varied but was severe in many cases. The interfering signals can 
be clearly seen by looking at the spectrum of the HERT signal during its pilot CW: The 
observed interferers' frequency bands correspond exactly with the listed commercial satellite 
radio bands. 
 



b.) Frequency dependent multi-path, which was successfully equalized in all of the selected 
data files. 

 
3.) The transmission from the lighthouse to boat exhibited in-band interference from satellite radio 
signals and frequency dependent fading, which was successfully equalized in all of the files tested. 
 
4.) The transmission across the bay from Hurricane Point to the Point Sur lighthouse did not exhibit 
significant interference. Only frequency dependent multi-path was observed, which was 
successfully equalized in all of the files tested. 
 
The aircraft-to-boat and Hurricane Point-to-lighthouse data was relatively free of satellite radio 
interference while the aircraft-to-lighthouse and lighthouse-to-boat data exhibited interference 
apparently due to the different directions that the receive antenna was pointing in each case. 
 
 

EQUALIZATION 
 
In most cases, the frequency dependent multi-path was successfully equalized by modeling ocean 
multi-path as consisting of the line-of-sight (LOS) signal plus a single additional multi-path signal 
and running the received signal complex envelope, sk=Ik+jQk  through a single pole auto-regressive 
(AR) filter: 1/[1+AejPz-(D+1)], where A is fractional amplitude of 2nd multi-path signal relative to 
LOS signal, P is relative angle, and D is relative delay-1. The filter is always stable in this form as 
long as A<1. In the case in which A>1, then the filter must be put into the following moving 
average (MA) form, which converges for A>1 : z-ND - z(1-N)D/(AejP)+ z(2-N)D/(AejP)2 - z(3-N)D/(AejP)3 + 
z(4-N)D/(AejP)4…(-1)nz(n-N)D/(AejP)n…(-1)N/(AejP)N, where N=# terms in series-1. (Indices correspond 
to original digitized IF sample points, not symbol sample points.) 
 
Some further improvement was found to be possible by taking the signal so equalized and 
determining a second equalizer filter pole, independent of the first pole. More equalizer poles can be 
added independently in this manner as desired. Ideally, all poles would be determined 
simultaneously, but doing so would quickly add an excessive number of simultaneous search 
parameters. 
 
On data without appreciable satellite radio interference, just multi-path, such as that received at the 
lighthouse from Hurricane Point across the bay, the original signal could be recovered with 
equalization. When only multi-path was degrading the signal, parity errors could be reduced to zero 
or very near zero. In cases in which improvement was limited after equalization, there were other 
sources of degradation such as interference from satellite radio or a very weak signal. 
 
A trigger consisting of a sequence of either 24 or 64 known pseudo-random symbols was 
transmitted with each burst. When two peaks of the response of a software transversal filter (based 
on ideal trigger) to the actual received trigger were clearly visible, the optimal delay found for the 
equalization filter corresponded fairly closely to the separation between them. In some cases the 
separation was too close, or the 2nd multi-path signal too low, to clearly observe two peaks, 
although the multi-path was still significant enough to degrade the received signal. 
 



For data with significant satellite radio interference, the multi-path could be equalized with parity 
errors reduced and constellation spread decreased, but limited by the amount of interference. After 
equalization, any 2nd peak of the transversal filter response was eliminated and any notches in the 
spectrum, some quite deep, were also eliminated. 
 
 

EQUALIZATION METRICS 
 
One of the metrics used to determine this QAM recovery margin involves a term we have labeled 
“spread.” The definition of this constellation spread is: √[∑i(Di

2)], where Di
2=(ICi-ISi )2+(QCi-QSi )2 , 

(ISi ,QSi)=symbol sample constellation point vector received, and (ICi,QCi)=ideal constellation point 
vector closest to Si . That is, Di is the distance between the sampled constellation point received and 
the nearest ideal constellation point. The outer constellation amplitude is normalized to a value of 3. 
A spread of 0.26 roughly corresponds to an Eb/No=16dB.  
 
The optimization criteria used by the equalization search routine (to obtain best A, D, and P values) 
was selectable: maximize magnitude of “correlation of correlation” (Criteria 1) or to minimize 
10*(# parity errors)+(constellation spread) (Criteria 2). Short of doing a full demodulation, the 
“correlation of correlation” metric worked quite well. It is implemented as follows: 
“correlation of correlation” scalar optimization criteria=RST• RTT 

∗/ RST  
Where, 
RST(k) =∑i Si+kTi 

∗ 

RTT (k)=∑i Ti+k Ti 
∗
 

RST = √(RST• RST 
∗) 

“•” is the dot product with respective peaks of product terms aligned and each product term reduced 
to segment just encompassing trigger response area. 
Tk is the ideal complex envelope trigger sequence transmitted.  
Sk is the actual complex envelope trigger sequence received after trial equalization. 
The indices correspond to original digitized IF sample points (not symbol sample points). 
“Trigger sequence” refers to a known set of pseudo-random symbols that were transmitted each 
burst. This is required by the “correlation of correlation” criteria, but not by the 10*(# parity 
errors)+(constellation spread) criteria. 
(Some aspects of the equalization technique used are covered by a Honeywell KCP 5/02 invention 
disclosure.) 
 
 

EXAMPLE TEST EQUALIZATION RESULTS 
 
The data was stored as 512 segments per file, each segment corresponding to a data burst. As stated 
earlier, there is a separation of 40mS between segments (bursts). Note the change in characteristics 
of multi-path signal in the 40mS between adjacent segments 57 to 58 (file 0) and 30 to 31 (file 1). 
Hurricane Point was a static test; the only thing changing was wave action. Also note consistent 
40nS delay on boat frequency dependent fading apparently due to reflection from boat radar mast 
into receive antenna. Some example results follow: 
 
 



Hurricane Point to Lighthouse with Horizontal Transmit Polarization 
 
These results are especially significant because the transmitter was from a stable platform across the 
bay about 3.5 miles away, and there was no RF interference observed in the received data. 
File 0, Seg 57 No Equalization Criteria 1  Criteria 2 Criteria 2 + 2nd pole 
Ampl (ratio)  0.395 0.395 0.06460 
Delay(NS)  21 26 67 
Phase(deg)  220 220 336 
Spread 0.7295 0.3469 0.344 0.2976 
Parity Errors 92 4 1 0 
 
File 0, Seg 58 No Equalization Criteria 1  Criteria 2 Criteria 2 + 2nd pole 
Ampl (ratio)  0.486 0.360  
Delay(NS)  13 24  
Phase(deg)  213 223  
Spread 0.7131 0.3175 0.2904  
Parity Errors 92 0 0  
 
File 1, Seg 30 No Equalization Criteria 1  Criteria 2 Criteria 2 + 2nd pole 
Ampl (ratio)  0.221 0.223  
Delay(NS)  44 35  
Phase(deg)  99 110  
Spread 0.5711 0.255 0.2265  
Parity Errors 63 0 0  
 
File 1, Seg 31 No Equalization Criteria 1  Criteria 2 Criteria 2 + 2nd pole 
Ampl (ratio)  0.2592 0.268  
Delay(NS)  47 45  
Phase(deg)  109 122  
Spread 0.5406 0.2891 0.2314  
Parity Errors 56 0 0  
 
File 1, Seg 0 No Equalization Criteria 1  Criteria 2 Criteria 2 + 2nd pole 

Ampl (ratio)  0.3555 0.4 0.10 
Delay(NS)  42 46 17 
Phase(deg)  150 148 225.5 
Spread 0.5735 0.4 0.3682 0.3376 
Parity Errors 62 11 1 0 
 
 
For more results please see the appendix. 

 
 
 



 
CONCLUSIONS 

 
The test was successful and a large amount of data was collected for aircraft-to-boat, aircraft-to-
lighthouse, lighthouse-to-boat, and Hurricane Point-to-lighthouse. Multi-path fading was observed 
and data was analyzed to characterize the nature of ocean multi-path and methods to equalize it. 
There were no major problems observed for HERT transmission and reception, particularly with 
regards to the simulated buoy reception, critical for HERT telemetry during actual RV tests. As a 
result of this test, we can conclude the following: 
 
1.) Ocean multi-path can be adequately modeled as the LOS signal plus one other dominant path 
signal reflected from the ocean surface, and as such, the received signal can be successfully 
equalized with a single pole AR filter (or its equivalent MA form). 
 
2.) Some additional improvement to equalization filter can be obtained by independently 
determining additional poles one at a time, each iteration on the previous step’s equalized signal.  
 
3.) Short of actual demodulation of signal for parity errors and constellation spread during each 
trial, the “correlation of correlation” criteria works acceptably as an optimization criteria for use by 
the equalization filter parameter search routine. 
 
4.) HERT telemetry signals can usually be recovered even under the most severe environments. 
 
5.) Theoretical calculations presented at the 1998 ITC Conference showed that there would be 
difficulty with data recovery using this modulation scheme if multi-path reflections amounted to 
more than –18dB of the main signal. These tests have shown that with equalization, significant 
multi-path degradation can take place and the data still recovered. The static Hurricane Point 
examples clearly indicate that data can be recovered with multi-path reflections as high as –6dB.  It 
will take more analysis to determine the actual limit of recovery in light of severe frequency 
selective multi-path conditions. 
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APPENDIX 
 

Aircraft to Boat Friday 6000’ Horizontal Transmit Polarization 
 
This is one of few boat data segments on Friday where there was a problem, apparently due to 
rough sea, causing antenna to point down into waves occasionally as boat was tossed about with 
transmitted signal shadowed by waves. 
File2, Seg 117 No Equalization Criteria 1  Criteria 2 Criteria 2 + 2nd pole 

Ampl (ratio)  0.382  
Delay(NS)  40  
Phase(deg)  256  
Spread 0.6828  0.3666  
Parity Errors 90  6  
 
Aircraft to Boat Friday 3000’ Horizontal Transmit Polarization 
 
These are examples of a few boat data segments on Friday where there was a problem, apparently 
due to rough sea, causing antenna to point down into waves occasionally as boat was tossed about 
with transmitted signal shadowed by waves. 
File 2, Seg 317 No Equalization Criteria 1  Criteria 2 Criteria 2 + 2nd pole 
Ampl (ratio)  0.8  
Delay(NS)  2  
Phase(deg)  192  
Spread 0.7062  0.5112  
Parity Errors 90  42  
 
File 2, Seg 111 No Equalization Criteria 1  Criteria 2 Criteria 2 + 2nd pole 

Ampl (ratio)  0.4  
Delay(NS)  40  
Phase(deg)  279  
Spread 0.676  0.5909  
Parity Errors 91  56  
 
This example is particularly interesting since the LOS signal was weaker than the multi-path off the 
boat mast. 
File 2, Seg 334 No Equalization Criteria 1  Criteria 2 Criteria 2 + 2nd pole 

Ampl (ratio)  1.141 0.44 
Delay(NS)  39 11 
Phase(deg)  117.94 207.96 
Spread 0.7818  0.5896 0.5136 
Parity Errors 92  51 27 
 



Aircraft to Lighthouse Friday 1500’ Vertical Transmit Polarization 
These had in-band satellite radio interference which limited possible improvement. 
File 0, Seg 44 No Equalization Criteria 1  Criteria 2 Criteria 2 + 2nd pole 
Ampl (ratio)   0.35  
Delay(NS)   36  
Phase(deg)   244  
Spread 0.7219  0.3289  
Parity Errors 90  1  
 
This example showed a deep notch in center of spectrum. The trigger response showed two distinct 
returns 44nS apart, with second return relative amplitude of 0.74. 
File 0, Seg 440 No Equalization Criteria 1  Criteria 2 Criteria 2 + 2nd pole 
Ampl (ratio)  0.63077  
Delay(NS)  42  
Phase(deg)  153  
Spread 0.7954  0.5737  
Parity Errors 97  52  
 
Aircraft to Lighthouse Friday 6000’ Horizontal Transmit Polarization 
These had in-band satellite radio interference which limited possible improvement. 
File 2, Seg 19 No Equalization Criteria 1  Criteria 2 Criteria 2 + 2nd pole 

Ampl (ratio)  0.3  
Delay(NS)  28  
Phase(deg)  158  
Spread 0.6340  0.6023  
Parity Errors 90  62  
 
File 2, Seg 100 No Equalization Criteria 1  Criteria 2 Criteria 2 + 2nd pole 
Ampl (ratio)  0.10  
Delay(NS)  74  
Phase(deg)  135  
Spread 0.5759  0.5058  
Parity Errors 61  40  
 
Lighthouse to Boat 
This had in-band satellite radio interference which limited possible improvement. 
File 5, Seg 19 No Equalization Criteria 1  Criteria 2 Criteria 2 + 2nd pole 
Ampl (ratio)   0.6875  
Delay(NS)   14  
Phase(deg)   313  
Spread 0.6281  0.5518  
Parity Errors 80  37  



TYPICAL EQUALIZATION RESULTS 
 

      
Constellation Before Equalization  Constellation After Equalization 
 

         
Spectrum Before Equalization  Spectrum After Equalization 
 

                         
 Trigger Response Before Equalization      Trigger Response After Equalization 
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ABSTRACT 
 

The Nova HYPERMOD demodulator operates in three modes, the classic pulse-code 
modulation/frequency modulation (PCM/FM), sometimes known as continuous phase frequency shift 
keying (CPFSK) mode, shaped offset quadrature phase shift keying (SOQPSK) mode, and continuous 
phase modulation (CPM) mode.  Of interest to this paper is SOQPSK mode which is a waveform similar 
to the Advanced Range Telemetry (ARTM) Tier I waveform, Feher’s Quadrature Phase Shift Keying, B 
version (FQPSK-B) revision (Rev) A11.  Also considered is another variant, FQPSK-JR.  This paper 
will outline the cross compatibility and resynchronization speed of these waveforms based upon  
ARTM-adopted demodulator performance tests.  The results of these laboratory tests comparing the 
HYPERMOD demodulator, the enhanced Tier I demodulator, and the current Tier I reference 
demodulator, both from RF Networks, will be presented.  
 

KEY WORDS 
 

HYPERMOD, shaped offset quadrature phase shift keying (SOQPSK), Feher’s patented quadrature 
phase shift keying (FQPSK-B), FQPSK-JR, bit error probability, resynchronization 
 
 

INTRODUCTION 
 

Over the past several years, the Government telemetry community has been losing precious radio 
frequency (RF) spectrum to commercial interests.  This coupled with increasing data rates has forced the 
Government to invest time and resources into finding more robust and bandwidth-efficient means of 
transmitting test data.  The ARTM program was formed to examine and provide solutions to these 
problems.  The first phase of the program was to find a more bandwidth efficient modulation scheme 
than the current standard, PCM/FM.  The goal of the new scheme was to perform at least as well as 
PCM/FM in terms of bit error probability (BEP) and resynchronization time and be compatible with 
nonlinear amplification.   
 
                                                      
1 FQPSK is an acronym for “Feher’s Quadrature Phase Shift Keying,” a proprietary variation of offset quadrature 
phase shift keying controlled by DIGCOM Incorporated, El Macero, California. 



The waveform that was chosen was FQPSK-B, revision A1.  Along the same time, another aspect of 
ARTM was looking into potential Tier II waveforms, known as HYPERMOD, that offered further 
increased spectral efficiency without a large increase in either BEP or resynchronization speed when 
compared to the Tier I waveform.  Out of this Tier II work evolved a Tier I compatible waveform, 
SOQPSK as defined by Hill2.  A third waveform considered is FQPSK-JR3.  This waveform is an 
alternative to FQPSK-B with simplified transmit baseband I and Q filtering.  Three demodulators will be 
tested, the existing Tier I reference demodulator, the HYPERMOD demodulator, and a pre-production 
enhanced Tier I demodulator.  Resynchronization speeds of the demodulators and cross compatibility of 
the three waveforms will be explored.     
 

ARTM DEMODULATOR PERFORMANCE TESTS 
 

To date, the ARTM program has tested production Tier I ground station demodulators and assessed their 
performance.  This assessed performance was based on bit error rate performance, the Range 
Commanders Council (RCC) recommended adjacent channel interference (ACI) tests, and tests 
developed by the ARTM program such as resynchronization and multipath sensitivity tests.  These are 
all system level tests designed to simulate real-world conditions.  Of interest here is the BEP and 
resynchronization speed tests.  
 
In order to perform this testing with a good confidence in the results, a multifunction test station was 
assembled.  This test station allows various test capabilities and set-ups with the ability to easily switch 
between test configurations.    
 
The test setup as shown in figure 1 consists of a way to inject calibrated noise into the channel or 
perform dynamic channel emulation.  The setup can modulate and demodulate ARTM Tier I waveforms 
either at an intermediate frequency (IF) of 70MHz or RF at L-Band.  For these tests, fo=1450MHz was 
selected.  The combination of the personal computer, Rohde & Schwarz AMIQ I/Q modulation 
generator, external filter, Agilent vector signal generator and low power class C amplifier defines the 
ARTM reference transmitter. Due to the versatility of this architecture, there are an unlimited amount of 
bit rates that can be programmed into the reference transmitter.  Three AMIQ files were used throughout 
the testing, MATLAB generated files for SOQPSK-A and FQPSK-B generation with eight samples per 
symbol and a MATLAB generated file for FQPSK-JR generation with six samples per symbol.  All 
three files contained an 11-bit pseudo random bit sequence (PRBS) for information per the IRIG 
standard.  After modulation and amplification, the reference transmitter’s signal was translated to 
70MHz and sent through the noise and interference test set for bit error rate (BER) testing.  This allowed 
direct control of the bit energy to noise density ratio, or Eb/No, values.  At this point it should be noted 
that there is NOT a receiver in the down conversion chain and thus BEP versus Eb/No numbers 
presented here are not representative of complete system level performance.  To finish out the test set, a 
bit error rate analyzer, a Fireberd 6000A, was used to acquire and generate BER statistics.  
 
 
 
                                                      
2 Hill, Terrance J., “An Enhanced, Constant Envelope, Interoperable Shaped Offset QPSK (SOQPSK) Waveform 
for Improved Spectral Efficiency,” Proceedings of the International Telemetry Conference, October 2001. 
3 Jeffries, Robert, “FQPSK-B Baseband Filter Alternatives,” Proceedings of the International Telemetry 
Conference, October 2001. 
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Figure 1 – Additive Noise Test Block Diagram 
 
The test set-ups shown in figures 2 and 3 are for testing the resynchronization speed of the 
demodulators.  There are two variations of this test, the fast fade recovery test, figure 2, and the 
acquisition time test, figure 3.  The fast fade recovery test was designed to simulate flat fades where 
signal to noise ratios are very high.  The acquisition test was designed to test the demodulator’s 
resynchronization speed after a fast fade in the presence of noise.  Test set-ups are very similar between 
the two tests with the difference being the addition of the noise and interference test set (HP3708) in the 
signal chain.  The demodulator acquires the signal in the presence of noise in the initial acquisition test 
where as it does not in the fast fade recovery test.  For both tests, the reference transmitter is configured 
to transmit a sequence of randomized one’s per the IRIG standard.  For the fast fade recovery test, this 
transmitted signal is sent to one input of a PIN diode switch.  For the initial acquisition test, the output is 
sent to the HP3708 for adding calibrated noise then to the PIN diode switch.  Broadband, additive white 
Gaussian noise (AWGN) is sent to the other input of the switch and a pulse generator is connected to the 
control port of the switch.  The cycle rate of the switch is determined by this pulse generator.  The 
common port of the switch is then sent to the demodulator.  The levels of signal and noise going into the 
switch are matched to eliminate any automatic gain control (AGC) action on the front-end of the 
demodulator, which could skew resynchronization results.  The demodulators de-randomizer is enabled 
and the switch control and the data output of the demodulator is monitored with a digitizing 
oscilloscope.  By triggering on the switch control signal and waiting for the data to settle to an all ones 
pattern, the user can measure the resynchronization speed of the demodulator under test.   
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Figure 2 – Fast Fade Recovery Time Test Block Diagram 
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Figure 3 – Acquisition Time Test Block Diagram 
 
To add some “real-world” validity to the tests, each test was modified to continuously sweep the carrier 
frequency.  The first question that came to mind was at what rate to sweep the frequency.  For a shift in 
received carrier frequency to occur during flight, an internal shift in transmitter frequency or a Doppler 
shift must have taken place. If a Doppler shift is assumed, it can be defined by the equation: 

θ
λ

cos





= vfd  

where fd is the Doppler shift, v is the velocity of the vehicle, λ is the wavelength of the transmitted 
carrier frequency, and θ is the angle between the transmitting and receiving antennas.  If worst case is 
assumed, then a high velocity vehicle moving either directly towards or away (θ=1800) from the 
receiving antenna and transmitting in S-Band can be used.  Plugging these numbers in reveals that 
sweeping the carrier at a rate of 2.5kHz/sec simulates this worst-case scenario.  The sweeping carrier is 
created using a signal generator and the external FM port on the vector signal generator. 

 



INTEROPERABILITY AND PERFORMANCE RESULTS 
 

How does the performance of the HYPERMOD demodulator compare to the ARTM reference 
demodulator and the prototype enhanced reference demodulator?  How interoperable are FQPSK-B, 
FQPSK-JR and SOQPSK-A?  How fast can these demodulators synchronize after a simulated multipath 
fade event?  To answer these questions, lab tests were performed to assess resynchronization 
performance and cross compatibility.  Spectral occupancy and detection efficiency (Eb/No) were used as 
the criteria to assess cross compatibility.  Fast fade recovery and acquisition time tests were used to 
assess synchronization speed.    
 

Spectral Occupancy Comparison 
 

Before these results are presented, how similar are the two waveforms?  Figure 4 shows the modulated 
spectrum of non-linearly amplified SOQPSK-A and FQPSK-B at a bit rate of 10Mbps.  This difference 
in spectral occupancy is consistent regardless of bit rate.  As can be seen, the two waveforms are 
virtually indistinguishable from each other down to approximately the -70dBc point.  
 

 
 

Figure 4 – SOQPSK-A vs. FQPSK-B at 10Mbps 
 

Bit Error Probability Comparison 



 
One method to test detection efficiency and link performance is to transmit a known bit pattern, detect 
it, and check for any errors.  Figures 5 through 7 are plots of BEP measurements taken with various 
combinations of transmitted waveforms and demodulators at various bit rates.  Measurements were 
made at differing bit rates but 5Mbps is presented.  Results at other bit rates are similar.   
 
The baseline curve was derived by transmitting FQPSK-B Rev A1 and demodulating this waveform 
with the reference demodulator. This combination is referred to as FQPSK-B/Ref Demod.  Figure 7 
shows all the other combinations of transmitted waveform and associated demodulator compared to the 
baseline.  These BEP graphs document baseline BEP performance and compare that to interoperable 
BEP performance thus giving a measure of interoperability.   
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Figure 5 – BEP Curve for Reference Demodulator, 5Mbps 
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Figure 6 – BEP Curve for HYPERMOD Demodulator, 5Mbps 
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Figure 7 – BEP Curve Comparison, 5Mbps 
 



Reviewing figures 5 through 7, it is clear the Tier I waveforms are interoperable.  Not only will any of 
the three demodulators demodulate any of the three waveforms, they do it with virtually the same 
efficiency. There is not more than a few tenths of a dB of difference in detection efficiency between any 
combination of transmitted waveform and demodulator.  
 

Resynchronization Tests 
 

Fast fade recovery and acquisition tests were performed on all three demodulators at bit rates of 1, 2.5, 
5, 10, and 20Mbps.  After some baseline testing and verification, it was decided to use only FQPSK-B 
for all resynchronization testing to ease the burden of test set-up reconfiguration.  SOQPSK-A was 
tested and found it offered no advantage or disadvantage in resynchronization speed in either test with 
any demodulator.  Another variable in the test is the rate in which the switch cycles from noise to signal.  
These values were chosen based upon the fade characteristics of the telemetry channel.  As it turns out, 
this is a critical parameter due to the search criteria in the demodulators.  Depending upon the test, three 
rates were chosen to explore these strategies, 200mHz, 210mHz, and 1Hz.   
 
Carrier acquisition range is another variable in the tests.  The reference demodulator has a fixed carrier 
acquisition range of +100kHz.  The enhanced reference demodulator and the HYPERMOD demodulator 
have user configurable carrier acquisition ranges.  The ranges are from +100kHz to +20kHz in 20kHz 
steps for the HYPERMOD demodulator and 10kHz steps for the enhanced reference demodulator.  Tests 
were run with the carrier acquisition set to the full range of +100kHz and the narrowest range of  
+20kHz.  This was done to verify acquisition time would indeed decrease as the amount of offset 
frequency searched is decreased.  
 
Lastly, tests were performed with a static carrier frequency and a sweeping carrier frequency.  For the 
swept carrier case, the carrier was swept at a rate of 2.5kHz/sec.  The range in which it swept was set to 
+20kHz.  The carrier sweep was controlled by a triangle wave so the rate in which it swept from end 
point to end point was constant. 
 
At each test point, 20 resynchronization times were recorded and an 80th percentile rank of that set was 
used to establish one number for the resynchronization time. 
 
The first series of fast fade recovery and acquisition tests performed were with a static carrier, switch 
cycle rate of 200mHz, and carrier acquisition range of +100kHz.  These results are presented in Figures 
8 and 9 below. 
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Figure 8 – Acquisition Time Results 

 

Fast Fade Recovery
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Figure 9 – Fast Fade Recovery Time Results 

 
The next series of tests performed were with a carrier acquisition range of +20kHz.  The reference 
demodulator is not included because its carrier acquisition bandwidth is fixed at +100kHz.  These 
results are presented in Figure 10. 
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Figure 10 – Decreased Carrier Acquisition Bandwidth 

 
The next tests performed were with a carrier acquisition range of +100kHz but with a switch cycle rate 
of 1Hz.  This test was done to see if the demodulators changed acquisition strategies for shorter 
multipath events.  These results are presented in Figure 11.  Results for acquisition time were similar. 
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Figure 11 – Fast Fade Recovery, 1Hz Cycle Rate 

 



To try and simulate real-world flight conditions, the next series of tests performed involved 
continuously sweeping the carrier frequency during the switch cycle.  This would cause the demodulator 
to first locate the carrier and then lock onto it.  In the static case and depending on the search strategy, 
the demodulator may never search for the carrier assuming it had not moved and thus give an unrealistic 
assessment of resynchronization speed.  For all of these tests, there is no test data for the enhanced 
reference demodulator due to its unavailability during the time the tests were conducted. 
 
Sweep rate of the carrier was chosen to be 2.5kHz/sec based upon the calculations mentioned 
previously.  The range in which the carrier was swept was chosen to be +20kHz.  This matched the 
smallest carrier acquisition range on the HYPERMOD demodulator and was thought to be a good choice 
for comparing resynchronization speed for different carrier acquisition ranges.  Also, the switch cycle 
rate was chosen to be 210mHz.  This number was arbitrarily picked so no periodicity existed between 
the carrier sweep rate and switch cycle time. 
 
Figures 12 and 13 show the results of the fast fade recovery and acquisition test for the HYPERMOD 
demodulator and the reference demodulator.  
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Figure 12 – Fast Fade Recovery, Sweeping Carrier 
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Figure 13 – Initial Acquisition, Sweeping Carrier 

 
Figure 14 shows how decreasing the carrier acquisition range on the HYPERMOD demodulator will 
decrease resynchronization time.  Results were similar with the enhanced reference demodulator. 
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Figure 14 – Carrier Acquisition Range versus Test Comparison 

 



CONCLUSIONS 
 
Spectral occupancy for FQPSK-B and SOQPSK-A is nearly identical.  Though not shown here, this is 
also true of FQPSK-JR. 
 
All combinations of transmitted waveform (FQPSK-B, FQPSK-JR, and SOQPSK-A) and demodulator 
(Tier I reference demodulator, enhanced reference demodulator, and HYPERMOD demodulator) were 
tested.  Figure 7 shows very minimal detection efficiency differences in all of the combinations. 
 
Based upon the first two conclusions it is concluded that the Tier I waveforms covered in this paper are 
cross compatible.  
 
From figures 8 and 9, it is clear the enhanced reference demodulator and the HYPERMOD demodulator 
provide a significant improvement in resynchronization speed over the current Tier I reference 
demodulator. 
 
Comparing figures 9 and 11 for the synchronization speeds of the enhanced reference demodulator, 
cycling the switch at a rate of 1Hz lead to much faster synchronization speeds.  This was true fro both 
the static and swept carrier tests.  It can only be assumed that this is due to the acquisition strategy 
internal to the demodulator.  Resynchronization results were similar for the HYPERMOD demodulator 
regardless of switch rate. 
 
Variable carrier acquisition ranges are available on the enhanced reference demodulator and the 
HYPERMOD demodulator.  This is useful for a couple of reasons.  If the user knows the transmitter 
does not have a large amount of carrier frequency error and the velocity of the test vehicle is small, a 
smaller carrier acquisition range on the demodulator can be chosen.  This leads to smaller 
resynchronization times during multipath fading and larger link availability. 
 
To simulate real world conditions for both tests, the carrier frequency was swept over a given range 
which generally resulted in increased resynchronization times. 
 
Resynchronization times of the enhanced reference demodulator and the HYPERMOD demodulator 
have reached levels where more effort put towards decreasing these numbers would not likely improve 
overall system capability.  Preliminary flight simulations have shown the current level of 
resynchronization performance is now in line with conventional PCM/FM receiving equipment.  
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ABSTRACT

This paper will present measured data in an adjacent channel interference (ACI) environment for
filtered continuous phase frequency shift keying (CPFSK or FM), multi-h continuous phase
modulation (multi-h CPM or CPM for short) [1] and Feher’s patented quadrature phase shift keying
(FQPSK-B) [2].  This paper is an extension of my 2001 International Telemetering Conference
paper on this topic [3].  The quantity measured was bit error probability (BEP) versus signal energy
per bit to noise power spectral density ratio (Eb/No).  The interferers were CPFSK, CPM, or
FQPSK-B signals.  The results presented in this paper will be for a desired signal bit rate of 5 Mb/s,
one interferer 20 dB larger than desired signal (a few tests included two interferers), and various
center frequency spacings, interfering signals, receivers, and demodulators.  The overall 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 with minimal interference in the telemetry bands.

KEY WORDS

Adjacent channel interference, CPFSK, PCM/FM, FQPSK-B, CPM, 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 multi-h CPM) 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 most of the tests included in this
paper.  The data sources were independent, pseudo-random signals of length 215-1 or 211-1.  The
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non-return-to-zero-level (NRZ-L) CPFSK, CPM 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 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 and to a Nova Engineering  multi-mode trellis demodulator model
MMD22 when multi-h CPM was the desired signal.  When CPFSK was the desired signal, either the
receiver’s internal demodulator and bit synchronizer or the Nova demodulator were used.
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Figure 1. Test setup
pectra of the 5 Mb/s FQPSK-B, CPM and CPFSK signals normalized to the total carrier power
c) are shown in figure 2.  The spectra at the receiver input are shown in figure 3 for 5 Mb/s
K.  The spectrum analyzer’s resolution bandwidth was 30 kHz for figure 3, the Eb/N0 was
, and the C/I was –20 dB.  The center frequency separation was 10 MHz.  The carrier power at
ceiver input was about –63.5 dBm and the interference power was about -43.5 dBm.

efore, the noise power per 30 kHz bandwidth at an Eb/N0 of 12 dB at 5 Mb/s should be about
 dBm which is close to the value shown in figure 3 (the spectrum analyzer’s detector reads
tly low for noise which accounts for the perceived difference).  The noise power in a 5 MHz
width at an Eb/N0 of 12 dB would be about -75.5 dBm.  The noise power (kTB) per 5 MHz with
tem noise temperature of 250K would be -107.6 dBm or about 32 dB lower.  Therefore, the
itions 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 32 dB (at 12 dB Eb/N0 ).  I believe these net
system gain values are in the ballpark of the net gains in typical telemetry receiving systems.

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), had a peak deviation of 1.75 MHz, and were generated either with
analog signals driving the FM input of the RF generator or with the appropriate signals from a
Rohde&Schwartz AMIQ driving the I/Q inputs of the RF generator.  CPM signals were generated
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using a Rohde&Schwartz AMIQ driving the I/Q inputs of the RF generator.  The AMIQ files were
supplied by Mark Geoghegan of Nova Engineering.  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.

INTERFERENCE TEST RESULTS WITH CPFSK AS THE DESIRED SIGNAL

CPFSK BEP versus Eb/N0 tests were performed under various ACI conditions with CPFSK as the
desired signal.  The results are presented in figures 4 through 7.  The results presented in these
figures are the measured Eb/N0 values which resulted in a BEP of 10−5 for the various test
parameters.  The measurement repeatability was about ±0.2 dB.  Figure 4 presents the results for
several receivers and demodulators with the interfering signal(s) being one or two 5 Mb/s CPFSK
signals (a legend entry of “-2I” indicates 2 interferers; one on each side of the desired signal).  The
−3 dB bandwidth of the receiver IF filter was approximately 1.2 times the bit rate (IF/R=1.2).
Receivers 1 and 4 use digital signal processing to filter the signals, receiver 2 uses surface acoustic
wave (SAW) filters, and receiver 3 uses a lumped constant IF filter.  Receiver 3 clearly had the
poorest ACI performance, receivers 1, 2, and 4 were similar, and the Nova demodulator had the best
ACI performance (as well as the best BEP performance).  The Nova finite impulse response filter
was not used for these tests because the BEPs were lower with it off.  The interference effects go
very rapidly from no degradation to several dB of degradation.  Adding a second interferer requires a
slightly wider separation.  The recommended frequency separation in Inter-Range Instrumentation
Group (IRIG) Standard 106-01 Telemetry Standards [1] for these conditions is 2.4 times the bit rate
(12 MHz).  This recommendation was developed based on older receiver designs that used lumped
constant analog IF filters.  All of these receivers performed well at a separation of 2.4 times the bit
rate.  It appears that frequency separations of 1.7 to 1.8 times the bit rate would be adequate with the
Nova demodulator, 1.8 to 1.9 times the bit rate would be adequate with these digital and SAW IF
filters, and 2.2 to 2.4 times the bit rate would be adequate with this lumped constant filter.
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Figure 5 shows the results with interferers with nominal CPFSK peak deviation (h=0.7; h=peak-to-
peak deviation/bit rate), 10% overdeviation (h=0.77) and 10% underdeviation (h=0.63).  The desired
signal was deviated at h=0.7 in all three cases.  The additional degradation for this amount of
overdeviation was very small while an underdeviated interferer caused slightly less degradation.

Figure 6 shows effects with various 5 Mb/s interferers with receiver R4.  CPFSK (FM) started to
cause degradation with a separation in the range of 1.8 to 1.9 times the desired signal’s bit rate,
FQPSK-B started to cause degradation with a separation in the range of 1.3 to 1.4 times the bit rate,
and multi-h CPM started to cause degradation with a separation in the range of 1.2 to 1.3 times the
bit rate.  Note that the degradation with closer spacing was very rapid in all cases.
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Figure 5. CPFSK ACI performance with various peak deviations.

Figure 6. 5 Mb/s CPFSK with various 5 Mb/s interferers.



Figure 7 shows effects with various 10 Mb/s interferers.  The desired signal for figure 7 was a
5 Mb/s CPFSK signal and the Nova demodulator was used for these tests.  CPFSK (FM) started to
cause degradation with a separation of about 2.8 times the bit rate, FQPSK-B started to cause
degradation with a separation of about 1.8 times the bit rate, and multi-h CPM started to cause
degradation with a separation of slightly less than 1.8 times the bit rate.  Note that the degradation
with closer spacing was very rapid in all cases.

INTERFERENCE TEST RESULTS WITH FQPSK-B AS THE DESIRED SIGNAL

The tests were then repeated with 5 Mb/s FQPSK-B as the desired signal.  Figure 8 shows the results
with various 5 Mb/s interferers.  CPFSK (FM) started to cause degradation with a separation of 1.6
times the bit rate, FQPSK-B started to cause degradation with a separation in the range of 0.95 to 1.0
times the bit rate, and multi-h CPM started to cause degradation with a separation of 0.85 times the
bit rate.  Note that the degradation with closer spacing was very rapid in all cases.

Figure 9 shows effects with various 10 Mb/s interferers.  The desired signal for figure 9 was a
5 Mb/s FQPSK-B signal.  CPFSK (FM) started to cause degradation with a separation of about
2.8 times the bit rate, FQPSK-B started to cause degradation with a separation of about 1.6 times the
bit rate, and multi-h CPM started to cause degradation with a separation of about 1.4 times the bit
rate.  Note that the degradation with closer spacing was very rapid in all cases.
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INTERFERENCE TEST RESULTS WITH MULTI-h CPM AS THE DESIRED SIGNAL

The tests were then repeated with multi-h CPM as the desired signal.  Figure 10 shows effects with
various 5 Mb/s interferers.  CPFSK (FM) started to cause degradation with a separation of 1.5 times
the bit rate, FQPSK-B started to cause degradation with a separation of 1.0 times the bit rate, and
multi-h CPM started to cause degradation with a separation of 0.8 times the bit rate.  Note that the
degradation with closer spacing was very rapid in all cases.

Figure 11 shows effects with various 10 Mb/s interferers.  The desired signal for figure 11 was a
5 Mb/s multi-h CPM signal.  CPFSK (FM) started to cause degradation with a separation of about
2.8 times the bit rate, FQPSK-B started to cause degradation with a separation of about 1.6 times the
bit rate, and multi-h CPM started to cause degradation with a separation of about 1.3 times the bit
rate.  Note that the degradation with closer spacing was very rapid in all cases.
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 CONCLUSIONS

Tables 1 and 2 present a summary of the results presented in this paper.  The highlights are:
1. Multi-h CPM offers about 25% better data channel packing density than FQPSK-B and

about twice the best data packing density of CPFSK.
2. The data packing density of CPFSK is determined by the receiver IF filter characteristics

and demodulator.  The Nova multi-symbol detector offered the best CPFSK ACI
performance (the ACI performance of a near optimum SAW or digital filter was almost
as good as that of the Nova demodulator) and also significantly reduced the dependency
on the receiver IF filter.  The Nova demodulator allowed nearly 40% better data packing
density than the combination of a nearly optimum bandwidth lumped constant IF filter,
analog FM demodulator and bit synchronizer.

3. Multi-h CPM caused the smallest amount of degradation to the other signals and CPFSK
caused the most degradation to the other signals (as expected because the CPM signal has
the narrowest spectrum and CPFSK has the widest spectrum).  The required separation of
a CPFSK interferer was nearly the same for all three of the desired signals.

4. The degradation in BEP was very rapid when the signals were spaced too closely.
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Table 1. Center frequency spacing (MHz) at which ACI is detectable with various
combinations of desired and interfering signals (all signals 5 Mb/s).

Desired Signal
Interfering Signal 5 Mb/s CPFSK 5 Mb/s FQPSK-B 5 Mb/s CPM

5 Mb/s CPFSK 8.5-12 8 7.5
5 Mb/s FQPSK-B 6.5 5 5

5 Mb/s CPM 6 4.25 4

Table 2. Center frequency spacing (MHz) at which ACI is detectable with various
combinations of desired and interfering signals (desired signals 5 Mb/s, interferers 10 Mb/s).

Desired Signal
Interfering Signal 5 Mb/s CPFSK 5 Mb/s FQPSK-B 5 Mb/s CPM
10 Mb/s CPFSK 14 14 14

10 Mb/s FQPSK-B 9 8 8
10 Mb/s CPM 8.75 7 6.5

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.  Some receivers
have spurious response problems that would have skewed the test results if the results had been
included.  Many receivers don’t perform well with interfering signals 30 dB larger than the desired
signal.
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ABSTRACT 
 
This paper discusses the effect of vehicle exhaust plasma/plume on the ability to receive telemetered 
data via an S-band RF link. The data discussed herein was captured during the launch of the QRLV-
2 (Quick Reaction Launch Vehicle) on April 24, 2002 from Kodiak Launch Center, Kodiak, Alaska 
using Honeywell’s BMRST (Ballistic Missile Range Safety Technology) system.  
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INTRODUCTION 
 
On April 24 2002 at 14:00:00 local, the Quick Reaction Launch Vehicle II (QRLV2) launched from 
the Kodiak launch complex in Kodiak, Alaska. The BMRST system tracked this vehicle from launch 
until it went beyond the horizon 403 seconds into the mission.  The tracking sources were the 
vehicle’s S-band “PCMB” telemetry stream (TMIG) and the “Honeywell GPS/INS” telemetry 
stream (GITU). The S-band telemetry streams were decommutated to provide vehicle state 
information to the mission flight control officers (MFCOs). Additionally a series of IRIG tone test 
command sequences was executed to demonstrate the ability of the BMRST system to perform the 
complete range safety function from tracking to command and destruct.  During the vehicle’s flight 
from approximately T+30 until motor burnout at T+63 seconds there was expected to be significant 
attenuation of the S-band signal due to plume. This paper analyzes and presents the data recorded 
during the plume event. 
 

 
SYSTEM OVERVIEW 

 
The Honeywell Ballistic Missile Range Safety Technology (BMRST) program, as depicted in Figure 
1, is intended to create a mobile, quick reaction range safety system. It is also designed to 
demonstrate the capabilities of a GPS-based tracking system.  The end result is a mobile system that 
contains all the equipment necessary to receive multiple S-Band telemetry streams, process, record 
and display the data for the mission flight control officer to verify flight system safety.  The system 



also supports the command destruct function by generating a command uplink through either 
switchable omni or directional antennas.  This system is fully redundant.  Although BMRST was 
configured for two specific S-Band telemetry streams (TMIG and the GPS/INS Tracking Unit, 
GITU),  any single high rate S-Band stream (> 500 Kbps) and low rate S-Band stream (< 200 Kbps) 
that are compliant with IRIG-106 can be received and processed in the current configuration. 
 
The ground segment of the BMRST is a complete command and tracking system appropriate for use 
at either the launch site or downrange.  It can operate independently of other tracking systems, but 
can incorporate and display data from another system.  It is transportable either by air or ground and 
contains its own power generating capability.  It consists of two dual-band tracking antennas and a 
mobile control center that contains components to receive and process RF inputs from the antennas, 
data servers, network components and workstations for computation and data display.  It will receive 
data transmitted from the flight segment (GITU), vehicle telemetry data and data from other tracking 
sources, process that data and display an instantaneous impact point (IIP) for the launch vehicle.  
The ground system includes a command/destruct subsystem consisting of a command sequencer / 
encoder and antennas (integrated with the tracking antennas) for sending commands to the flight 
termination system. 
 

 
Figure 1 
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TARGET VEHICLE CONFIGURATION 

 
The Target Test Vehicle (QRLV-02) consisted of a single-stage booster and a non-separating Front 
Section (FS).  The vehicle booster was a M56A1 rocket motor with four fins and aft skirt.  The FS 
consists of a Flight Termination System (FTS) Module, a Payload Module Bus (PMB), and a 
Shroud.  The overall flight vehicle length is approximately 9.14 meters and the total lift-off weight 
is approximately 6,244 kilograms. The propellant is a Class 1.3 propellant composed of ANP-2864 
HLT Mod II Type I and ANP-2862 JM Mod II Type I.  
 
 
PROPULSION SYSTEM  
 

• ENGINE TYPE:  Solid Propellant Motor 
• MANUFACTURER:  Aerojet 
• DESIGNATION:  M56A1 
• NUMBER OF ENGINES:  1 
• SPECIFIC IMPULSE - Isp:  212 lb-sec ± 0.5% @ 77 degrees F 
• THRUST - ENG:  46,850 lbf 
• THRUST - SEC:  Burn Time:  ~61 sec 

 
 

TRACKING SYSTEM CONFIGURATION AND LOCATION 
 
The BMRST system antennas were configured to track the vehicle using the independent S-
band streams below:  
 
 GITU: 2292.5 MHz, 3.5W vehicle transmitter, antenna gain –15 to 0 dBi for 95% coverage,  

56 KHz data rate, PCM-FM 
 PCMB: 2233.5 MHz, 10 W vehicle transmitter, antenna gain –15 to 0 dBi for 95% 

coverage, 500 KHz  data rate, PCM-FM 
 
The diameter of the ground system tracking antennas was 4.3 meters, having a gain of 37 dBi and a 
3 dB beamwidth of 2.4 degrees. The system incorporates an LNA with a noise figure of approx. 0.40 
dB and gain of approx. 36 dB.  The system G/T is approximately 14.5 dB/K. The BMRST antennas 
utilize a dual-feed design, capable of receiving the S-band downlink while simultaneously 
commanding the vehicle with a 1 KW UHF uplink. The uplink antenna gain is 22 dBi, resulting in 
an EIRP of +51 dBW.  
 
The vehicle position at the launch pad was Latitude 57.4350° N, Longitude   
–152.3417° W. Launch occurred at 22:00:00 UTC on 4/24/02 on a 120 deg nominal azimuth. 
The nominal flight trajectory is shown in Figure 2. 
 
The BMRST  system   was   located    at   Latitude 57.4536° N,   Longitude                 
-152.3790° W, a distance of 3051 meters from the vehicle launch pad. The antennas were 
pointed at an azimuth of 132.2 degrees and  elevation of –0.6 degrees.  



 
Figure 2 

 

 
 
 
 
 

 
 

MISSION PLANNING ANALYSIS 
 
Based upon analysis prior to the mission, it was expected that plume would begin to degrade the 
signal level received by the system at approximately T+30 seconds until motor burnout (T +63 
seconds). For reference, an aspect angle zero degrees is looking directly into the aft end of the 
vehicle and along the primary axis.  An angle of 180 degrees is looking down onto the nose cone.   
 
Figure 3 shows theoretical worst case plume loss as a function of aspect angle. This plot was 
generated from previous measurements on similar rocket motors (Ref 1). 
 

 



Figure 3 
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MISSION DATA ANALYSIS 
 

PRE AND POST PLUME PERIOD ANALYSIS 
 
Figure 4 is a plot of the actual received signal strength and aspect angle as a function of time 
throughout the entire mission. Subsequent analysis of the received signal level prior to launch 
indicated the vehicle’s transmitting antenna was “looking” at the BMRST site with a gain of –10 
dBi.  Given this data, a theoretical “minimum/maximum expected signal strength envelope” (+10 
dB/-5 dB) based upon the vehicle’s antenna properties was laid over this data.  
 
As can be seen from the plot in Figure 4, the plume attenuation prior to T +30 is negligible and the 
only significant signal variation is due to antenna gain variation as a function of vehicle position. 
Note the total gain variation is less than 15 dB total and stays within the calculated envelope as 
would be expected. 
 
Referring to Figure 4, it is interesting to note the actual received signal strength variation from time 
of motor burnout (T +63 seconds) until the end of mission. The figure shows that except for a 
momentary drop in signal strength at T +78 seconds, the actual signal strength stays within the 
theoretical envelope of +10/-5 dB as expected. The variation in signal strength is due primarily to 
vehicle roll and changes in the aspect angle. Effect of multi-path was not considered significant in 
this analysis. This signal variation range is important to predict accurately in order to calculate the 
worst case plume effect and is also well in agreement with expected results. 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 



Figure 4 

 
 

 
WORST CASE PLUME ANALYSIS 

 
As can be seen from Figure 5, which is an exploded view in time of Figure 4 during the period of 
maximum plume attenuation, the signal strength drops to below that which would be expected under 
all conditions without plume. Given the antenna gain variation window of 15 dB, the actual plume 
attenuation must fall within this window. Therefore, in order to calculate the worst case effect of 
plume, the difference between the maximum possible signal strength and the actual received signal 
strength was plotted in Figure 6. The worst case attenuation was 26.1 dB at an aspect angle of 2.4 
degrees at T +50 seconds. It is interesting to note that the worst case plume does not appear at the 
minimum aspect angle (1.6 degrees). Furthermore, it should be noted that there were no telemetry 
frame drops due to plume during the mission. Finally, the BMRST system was sending a series of 
experimental test IRIG command tones in the UHF band to the vehicle during the mission. 
Subsequent analysis has shown that all tones were received and processed by the command receivers 
throughout the entire mission. 
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Figure 5 
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Figure 6 
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SUMMARY 
 
Plume effect as described in this paper was not as severe as expected in worst case analysis prior to 
the launch. While some data indicated a possible plume effect of over 50 dB, the worst case plume 
attenuation seen during the mission was 26.1 dB. The BMRST system was able to track, command, 
and acquire data throughout the entire mission.  
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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. The project uses advanced 
internetworking technology to collect data unobtrusively from multiple sensors located throughout 
the aircraft without the time and expense of installing new wires. The sensors are used to 
unobtrusively extract data from several Line Replaceable Units (LRU’s). The harvested data is then 
transported to a master network controller using the existing aircraft power lines.  
 
A critical aspect of networked data acquisition is time-tagging the data so that the data timeline can 
be reconstructed to a specified resolution at the conclusion of the tests. This paper will discuss the 
time-tagging issues that arise when developing a networked data acquisition system, especially how 
they relate to the current effort to develop a power line based data acquisition network.  In addition 
this paper will detail the scheme currently being tested to time tag data in the Common Event 
Network Test-Instrumentation System (CENTS) developed by the 46 TW/TSI Flight Test Division, 
Air Armament Center, Eglin AFB, FL. 
 
 

INTRODUCTION 
 
Over the past several years, more demands than ever have been forced upon the platforms of many 
DoD vehicles. The Common Event Network Test-Instrumentation System (CENTS) modernizes the 
core T&E infrastructure capability by providing data acquisition capability for advanced fighter 
aircraft where mounting volumes are severely limited or quick reaction instrumentation capability is 
required.  The need for complex munitions platforms, more responsive avionics, and the increasing 
presence of modeling and simulation has pushed current data acquisition methods to near their 
limits.  The next logical step in the evolution of instrumentation systems is to implement a network 
backbone to accommodate the expansive growth that will accompany these needs. Networked Data 
Acquisition Systems allow for overall system control of sensors and instrumentation that currently 
exists on a military vehicle.  CENTS is an open architecture system utilizing variable length event 
driven data packet protocols that implements reduced spectrum modulation telemetry. 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 Figure 1. The CLAN is 
a “virtual network” that is implemented by superimposing data on the existing Aircraft/UAV power 
lines.  At the lowest layer the CLAN provides for utilization of existing TCP/IP protocols and allows 
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 only transfer data in the event of a change of state 
or trip condition. CSICC’s provide for built-in test capability and are automatically configured for 
the data type and expected values over the CLAN.  The third component of the CENTS is a Decoder 
which is used to demodulate the superimposed data for onboard recording/telemetering. 
 
 
By introducing an open-architecture approach built on a common smart transducer interface, CENTS 
strives to conform to the commercial standard that is widely taking hold of the sensor and data 
acquisition community. 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 “smart” connectors 
eliminate the need to add the traditional data acquisition boxes to a severely space limited air test 
vehicle. Figure 1 shows an example of smart sensor nodes implemented on a vehicle. 
  

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Figure 1: Networked Smart Connector Data Nodes 
 
Given that the array of smart sensors are networked via the vehicle’s power lines, there is a certain 
amount of latency that would accompany the transport of the data from the smart connector to the 
master network controller for demodulation and download into an onboard recording/telemetry 
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device.  The solution to the latency between registering the data and sending it to a master network 
controller is to time-tag the event as the smart connector registers it. This solution in itself poses 
some inherent issues.  
 
The first issue to be addressed involves the synchronization of the smart connector to the Universal 
Time Code (UTC) employed by the testing equipment. Once a common network time has been 
established, the smart connector must have a way of determining the time between an interrupt 
telling the hardware that an event occurred, and the actual time that the event was tagged.  Once all 
this data has been recorded, and the time tag with the associated interrupt lag is sent to the network 
master where it is decoded and attached to the data in UTC format to comply with test standards.  
 
  

TIME TAGGING SCHEMA 
 
In order for the time-tagging scheme to work, a 1 pulse per-second (pps) heartbeat is needed to keep 
the smart connector nodes located at the sensors in the vehicle in sync with the master controller.  At 
the onset of a test, the master network controller broadcasts the network time, and tells all the smart 
connectors to synchronize to that time upon the next 1pps heartbeat.  The heartbeat can be supplied 
by a variety of means, one being by an external single wire carrying a Global Positioning System 
(GPS) 1pps signal. The second method takes advantage of the frequency range outside of the 
Orthogonal Frequency Division Multiplexing (OFDM) carrier signals being used to transport the 
captured data from the smart connector to the master controller.  In this instance, a simple oscillating 
circuit with time-interval reset circuitry can be filtered through a band-pass filter to create a 
heartbeat that can be registered by the smart connector.  
 
At this point, all the smart connectors will have established a reference point on the free-running 
internal counter that allows them to determine time from that synchronization pulse.  This technique 
does not require that the crystal in the smart connector is accurate, just stable.  By choosing this 
route for time-tagging issues, the system becomes more robust and less intolerant of changes in the 
surrounding environment, which ideally will help to determine the system’s flightworthiness.  
 
The internal free-running counters can be chosen to give any desired resolution depending on the 
application.  This counter will receive an interrupt each second to write its count to a microprocessor 
also located within the smart connector. The microprocessor, which also has a free-running counter, 
is able to track the latency between when the interrupt was given and when the count was received. 
This count (usually in nanoseconds) is attached to the end of the free-running counter data. All this 
information is stored within the RAM of the smart connector to be sent at pre-determined time 
intervals to the network master as a correlation table for data that is received with a time-tag.  
 
 

DATA CORRELATION 
 
In order to differentiate between smart connector nodes on the network, a preamble is used to 
designate each node and to allow for recognition of the data type. Data types that are currently being 
monitored by smart sensors under the CENTS contract are: analog sensors, discrete sensors, and 
digital data bus sensors.  The message sets from each smart connector node each have a header that 



the master controller can decode to determine the message type and origin.  Each packet of data from 
any single smart connector is numbered, and thus can be sequentially reconstructed in the event of 
collisions on the power line or if priority had been given to another node at that time.  
 
The master receives a time-correlation table from a smart connector at some pre-determined time on 
a cyclical basis.  For example, if the smart connector sends a data correlation table at the end of each 
minute, that table will contain the readings of the smart connector free running timer each second.  
The correlation table will resemble Figure 2: 

 
Figure 2: Example Data Correlation Table 
 
The microprocessor in the smart connector will read the 32-bit free-running timer each second and 
that count is represented in Column B in hexadecimal.  Using a simple Hex-to-Dec conversion, the 
actual time in microseconds is shown in Column D.  
 
The number in Column C is the offset reading in hexadecimal that the microprocessor’s internal 
free-running counter registered while waiting for the response to the 1pps interrupts to the free-
running counter.  In the example in Figure 2, the oscillator for the offset counter was running at 
54MHz, thus giving the counter value of 18.5ns per clock cycle.  Once the time has been corrected 
for the interrupt delay, an accurate time correlation table can be constructed.  
 
Each data packet received by the master controller contains the event-driven data captured by the 
smart connector.  The UTC time at which the data was captured by the smart connector can be 
derived from a simple interpolative process at the master controller.  



 
Figure 3 below shows the variance between time tag readings in microseconds. This was an 
important statistic to observe since it would determine the needs of the timing circuitry eventually 
utilized in the master controller of the networked data acquisition system. 
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Figure 3: Variance Between Time Correlation Data Points 
 
The oscillatory nature of the chart in Figure 3 had been expected.  In the test environment in which 
this data was captured, a real-time 1pps generator was not used.  Instead, a timing circuit that utilized 
a temperature-sensitive crystal had been constructed to determine if the heartbeat circuitry to be used 
in the final network configuration would be temperature dependent.  By observing the trend in the 
variance between time correlation table entries, it was determined that a temperature-stabilized 
crystal would be needed to accurately depict the real-time sync pulse.  
 
Once an accurate time correlation table is constructed and stored in the master controller, all data 
that was received from that particular smart sensor with a time tag during the previous minute can be 
reconstructed with a UTC time tag.  This process is repeated every minute and the time correlation 
table updated.  
 
Since each smart connector will have a free-running counter, it is required that each one construct 
and send a time correlation table to the master along with an address that distinguishes that smart 
connector from the other data correlation tables arriving at the master.  For this reason, a TCP/IP or 
similar protocol can be utilized.  



 
 

CONCLUSION 
 
The 46TW at Eglin AFB is currently adapting networked data acquisition systems to the power lines 
of test aircraft.  In order to achieve this, engineers have developed the time correlation schema 
described in this paper.  Current and future integration testing will yield further data on achievable 
accuracies and required resolutions.  
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ABSTRACT 
A Wireless Local Area Network (WLAN) based system called 2-Way Robust Acquisition of Data 
(2-RAD) is being developed to telemeter data from a number of fast moving airborne platforms to 
ground collection points distributed over a large test range. The  Johns Hopkins University Applied 
Physics Laboratory (JHU/APL) is analyzing a 2-RAD prototype currently in operation at the U.S. 
Army Yuma Proving Ground (YPG) that uses an IEEE 802.11b WLAN infrastructure. Preliminary 
analysis efforts at JHU/APL indicate that the Doppler shift from fast movers, and the system radio 
link margin, do not preclude IEEE 802.11b from being used for 2 -RAD. 
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INTRODUCTION 
Commercial off-the-shelf (COTS) technologies such as WLANs offer high data rates, quick setup 
times, configuration flexibility, and relatively long ranges. These technologies may be readily 
adapted for data telemetry from sensors on mobile and airborne platforms. At YPG, IEEE 802.11b 
wireless bridges (WBs) and access points (APs) are currently being used to remotely control and 
telemeter data from video, meteorological, and other data collection equipment throughout the 
proving ground. The current YPG wireless network is considered to be a prototype for 2-RAD, a 
system that is being developed to support data telemetry from a number of fast moving airborne 
platforms such as missiles, munitions, and aircraft to collection points on t he ground. 
 
An effort is underway at the JHU/APL to analyze the current YPG system, and to investigate the 
feasibility of using this system for data telemetry from multiple fast moving airborne platforms. 
JHU/APL is attempting to determine the effect of fast moving platforms on the IEEE 802.11b 
system performance. The analyses consider maximum coverage area of the 2-RAD system, the 
effects of Doppler shift and Doppler shift rate, handovers of fast moving platforms from one AP/WB 



  

to another, the scalability of the 2-RAD system, and the ability of the network Management 
Information Base (MIB) to change network management information as fast moving platforms move 
in and out of the network. Some of these analyses are underway and have yet to be completed. 
Therefore, only the Doppler shift effects and area coverage analyses are summarized in this paper.  
 
 

IEEE 802.11b SYSTEM DESCRIPTION  
The IEEE 802.11b WLAN is a flexible data communication system that uses radio frequency (RF) to 
transmit and receive data over the air. IEEE 802.11b is implemented as an extension to, or a 
replacement of, a wire/cable/fiber local area network (LAN). In addition to eliminating the 
wire/cable/fiber infrastructure, this system allows network nodes to be mobile. 
 
WLAN systems can be configured as either an ad-hoc or infrastructure network. In an ad -hoc 
network, the system nodes form a network “on the fly” when they are brought together. There are no 
fixed points, and every node can communicate with every other node. In an infrastructure network 
architecture, the nodes (mobile and fixed) communicate with fixed network APs. These APs are 
usually connected to wire or fiber optic land lines which act as the connection to wired networks 
(e.g., the internet). Nodes that travel from one AP se rvice area to another AP service area are 
transferred via handoffs. This handoff method is similar to that used by mobile phone cellular 
systems. AP service areas can be linked to each other using WBs. 
 
The IEEE 802.11b system consist of two primary layers: the Physical (PHY) layer and the Medium 
Access Control (MAC) layer. The MAC layer is a set of protocols responsible for maintaining order 
in the use of the shared medium. The PHY layer is the physical wireless link between nodes and uses 
RF transmissions. This PHY layer is considered to be the most susceptible to Doppler effects. 
 
IEEE 802.11b supports data rates of 1, 2, 5.5, and 11  Mbps, and spreads its spectrum using Direct 
Sequence Spread Spectrum (DSSS). It operates in the 2.4000 to 2.4835 GHz frequency band, which 
is an unlicensed industrial, scientific, and medical (ISM) frequency band. In DSSS, the carrier is 
modulated using differential binary phase shift keying (DBPSK), which produces the 1 Mbps data 
rate, differential quadrature phase shift keying (DQPSK), which produces the 2 Mbps rate, or 
complementary code keying (CCK), which produces the 5.5 and 11 Mbps rates. Detailed 
information on the system can be found in the IEEE 802.11b standard (ref [1]). 
 
In the U.S., IEEE 802.11b transmitters operate on 11 channels spaced 5 MHz apart. The 
channelization is shown in Table 1 . The maximum allowable transmit power is 1000 mW (+30 dBm) 
in the U.S. Radiated emissions conform with American National Standards Institute (ANSI) 
uncontrolled radiation emission standards (IEEE Std C95.1-1999). The maximum allowable antenna 
gain is 6 dBi. Use of higher gain antennas are accompanied by a proportional decrease in transmit 
power. For fixed point-to-point applications, the antenna gain can be higher than 6  dBi with no 
associated decrease in transmit power. The transmitted center frequency tolerance is ±  25 ppm 
maximum. For 2.4 GHz, this corresponds to a frequency tolerance of  ± 60 kHz. 



  

Table 1.  IEEE 802.11b Frequencies 
 

Channel 
Frequency 

(GHz) Channel 
Frequency 

(GHz) 
1 2.412 7 2.442 
2 2.417 8 2.447 
3 2.422 9 2.452 
4 2.427 10 2.457 
5 2.432 11 2.462 
6 2.437   

 
 

YPG WLAN IMPLEMENTATION 
At YPG, an IEEE 802.11b based COTS WLAN is being used to remotely control and telemeter data 
from equipment throughout the proving ground. This wireless backbone operates in the 2.4 GHz 
region and supports data rates as high as 11  Mbps over ranges up to 30 km (19 mi) between links. 
This current YPG wireless network is considered to be a prototype for the 2-RAD system. 
 
YPG is a U.S. Army proving ground encompassing over 1300 square miles in the southwest Arizona 
desert. It consists of three areas: the Cibola, Laguna, and Kofa Regions. The Kofa Firing Range is 
the primary location for test and evaluation of long-range artillery weapon systems, mortars, mines, 
and munitions for the U.S. Army. Various prepared impact areas are available for evaluating the 
deployment, functioning, and recovery of submunitions and other munitions for post-firing analysis. 
With a maximum firing range approa ching 75 km (47 mi), a wide range of production and 
developmental ammunition/weapon systems requiring long ranges and extensive airspace envelopes 
can be tested. These weapons systems range from small arms and mortars to a 16-inch Naval gun. 
 
A 2-RAD system implementation would require that ground stations be capable of receiving 
telemetered data from platforms along the entire firing range. Currently, numerous IEEE 802.11b 
ground stations, each consisting of an AP or WB, are distributed throughout YPG. A m ap of these 
locations is shown in Figure 1. 
 
Projectiles proposed for the initial munitions testing using 2-RAD will have velocities approaching 
Mach 3, or 994 m/s for dry air at standard temperature and pressure (STP). Projectile velocities 
tested in the future may be as high as Mach 5 (1655 m/s at STP). Conservatively, Mach 5 is assumed 
for the Doppler effect calculations. 
 
 



  

Figure 1.  YPG IEEE 802.11b WLAN Sites 
 
 

DOPPLER SHIFT ISSUES 
The Doppler shift equation for a platform moving away from the ground station is 
 

f    = fgs t
(1 - v/c)

(1 - (v/c)  )2
t

(1 - v/c)

(1 + v/c)
= f

                                                                              (1)  
 
where ft is the frequency transmitted by the platform, fgs is the Doppler shifted frequency received by 
the ground station, v is the velocity of the platform with respect to the ground station, and c is the 
speed of light (3 x 108 m/s) (ref [2]). 
 
For a transmitted frequency of 2.4 GHz and a platform velocity of Mach 5, the Doppler shifted 
frequency is 2.3999868 GHz. This corresponds to a Doppler shift of -13.241 kHz. For a platform 
moving toward the ground station, the Doppler shift is +13.241  kHz. A plot of Doppler shift relative 
to platform velocity for 2.4 GHz is shown in Figure 2. 
 
For the IEEE 802.11b system, the frequency tolerance is ± 60 kHz. This overbounds any frequency 
shift caused by a 2.4 GHz transmitter traveling at Mach  5 (± 13.241 kHz Doppler shift) or slower. 

 

= Fixed Site

= Infrastructure Site

= Mobile Site



  

 
Figure 2.  Doppler Shift Relative to Platform Velocity for 2.4 GHz System 

 
 
Consequently, the IEEE 802.11b specification indicates that Doppler shifts due to platforms flying at 
velocities of up to Mach 5 should not cause problems to communications with the ground station. In 
fact, v in Equation 1 can be solved to determine the maximum allowable platform velocities based 
on the frequency tolerance specifications. If the IEEE 802.11b system frequency tolerance of ± 
60 kHz is used as the maximum allowable Doppler shift (fgs in Equation 1), velocities of up to 
7500 m/s (Mach 22.6 at STP) should not affect system performance. 
 
Note that the calculations assume transceivers transmitting at the exact center frequency. 
Transceivers with transmit frequencies offset from the center frequency will decrease the tolerance 
margin, resulting in lower allowable Doppler shifts.  
 
Doppler shifts were calculated for a typical rocket trajectory. GPS tracking accuracy tests were 
performed by JHU/APL, in cooperation with the Naval Air Warfare Center (NAWC) and the Army 
Research Laboratory (ARL), using a 2.75-inch HYDRA-70 rocket instrumented with a miniaturized 
GPS device (ref[3]). One of the outputs of the test effort was a HYDRA-70 rocket flight velocity 
history, shown in Figure 3. This velocity history was used to generate Doppler shifts for a 
HYDRA-70 trajectory. 
 
During flight, the HYDRA-70 rocket was assumed to be transmitting at 2.4  GHz to three ground 
receivers, one at the launch point, one at the temporal midpoint of the flight, and one at the impact 
point. The Doppler shift at all three receivers was determined for the entire flight history.  
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Figure 3.  Velocity History of HYDRA-70 Rocket Trajectory 

 
The Doppler shift profiles are shown in Figures 4, 5, and 6, for the landing point receiver, temporal 
midpoint receiver, and impact point receiver, respectively. As shown in these figures, the largest 
Doppler shift occurs at the point of greatest velocity, at launch. The shift is negative for the launch 
point receiver, with the rocket moving away from the receiver, and the shift is positive for the 
midpoint and impact point receivers, with the rocket moving toward these receivers. The magnitude 
of the shift is approximately ± 6 kHz, well within the ± 60 kHz frequency tolerance specification. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 4.  Doppler Shift History for Receiver Located at Launch Point 
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Figure 5.  Doppler Shift History for Receiver Located at Temporal Midpoint 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 6.  Doppler Shift History for Receiver Located at Impact Point 
 
 
The rate of change of the Doppler shift was also analyzed. Doppler shift rate depends on the 
geometry of the platform trajectory. A snapshot of this geometry is shown in Figure 7. 
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Figure 7.  Transmitting Platform With Respect to Ground Station Receiver 

 
The largest Doppler Shift rate occurs when the platform is directly over the ground station, w here 
? = 90º, x = 0, and the distance between the platform and ground station is the altitude, a. In this 
case, the Doppler shift rate, dfgs/dt, is given by Equation 2 (ref [4]): 
 

dfgs
t

v (1 - (v/c)  )2
= - f

dt

2

(c  a)                                                                                                 (2)  
 
Using Equation 2, the Doppler shift rate is shown in Table 2 for a 2.4  GHz transmit frequency, a 
platform velocity of Mach 5, and various altitudes between 20 m and 10 km. 
 

Table 2.  Doppler Shift Rate for Mach 5 Projectile Directly 
Overhead Ground Station Receiver 

 

Altitude (m) 
Doppler Shift Rate (kHz/s) for 

Transmit Frequency of 2.4 GHz 
20 1095.61 

100 219.12 
500 43.82 
1000 21.91 

10000 2.19 
30000 0.73 
50000 0.44 
100000 0.22 

 
 
The system specification that corresponds to the Doppler shift rate is frequency drift rate. However, 
this specification is not contained in the IEEE 802.11b standard. It is assumed that the IEEE  802.11b 
PHY layer uses a type of frequency acquisition or tracking algorithm scheme to compensate for 
Doppler shift rate. However, an analysis of those techniques is beyond the scope of this preliminary 
investigation. Future planned field tests and bench tests are intended to determine the effect of this 
Doppler shift rate on the performance of the IEEE 802.11b system. 
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RANGE COVERAGE 
The range coverage analysis is based on an IEEE 802.11b link budget analysis that specifically takes 
into account the YPG WLAN equipment and site locations (ref [5]). The link budget was based on 
an International Telecommunications Unio n (ITU) recommended template for digital 
communications systems (ref [6]). 
 
The site specific parameters that were used in the link budget analysis are shown in Table  3. The 
effective isotropic radiated power (EIRP) is the maximum transmit power plus antenna gain minus 
cable/insertion loss. 
 

Table 3.  YPG Site Specific IEEE 802.11b Radio Parameters  
 

Parameter 
Infrastructure 

Site Fixed Site Mobile Site 
Transmitter antenna gain (dBi)  11 14 6.5 
Cable/insertion loss (dB) 2 2 2 
Maximum transmit power (dBm) 30 20 20 
Total transmit EIRP (dBm) 39 32 24.5 
 
 
The IEEE 802.11b radios used at YPG are Cisco Aironet 340 WBs with +30 dB amplifiers on the 
receive side. The receiver sensitivities for these radios are -90, -88, -87, and -83 dBm for data rates 
of 1, 2, 5.5, and 11 Mbps, respectively, for a bit error rate (BER) of 10-6. Using these receiver 
sensitivity values, the site specific radio parameters in Table 3, and the log-distance path loss model, 
the following maximum link ranges were derived. Note that for projectile testing, the infrastructure 
site – mobile site model is most relevant. 
 

Table 4.  Calculated Maximum Link Ranges for YPG WLAN Sites 
 

Link 1 Mbps 2 Mbps 5.5 Mbps 11 Mbps 

Infrastructure site - infrastructure site 
165.3 km 
(102.7 mi) 

119.5 km 
(74.3 mi) 

96.9 km 
(60.2 mi) 

70.7 km 
(43.9 mi) 

Fixed site – infrastructure site 
79.4 km 
(49.3 mi) 

57.4 km 
(35.7 mi) 

46.6 km 
(29.0 mi) 

34.0 km 
(21.1 mi) 

Mobile site – infrastructure site 
36.2 km 
(22.5 mi) 

26.2 km 
(16.3 mi) 

21.2 km 
(13.2 mi) 

15.5 km 
(9.6 mi) 

 
 
Note that these maximum distance calculations assume line -of-sight (LOS) communications and 
thus do not take into account fading or diffraction due to the YPG test range topography. These 
analysis results also do not consider multipath effects, environmental effects (water vapor density, 
temperature, barometric pressure), surface ducting, adjacent channel interference (ACI), or 
intentional interference (i.e. jamming). The contributions of these factors will be evaluated in later 
phases of this effort. 
  



  

Although this coverage analysis is incomplete, preliminary results agree with empirical data, which 
indicates infrastructure site-to-infrastructure site links operating at 11  Mbps over distances of 
30.0 km (18.6 mi) to 50 km (31.1 mi). The coverage results in T able 4 and the empirical data 
indicate that ground stations may have to be added to ensure high throughput (11  Mbps) coverage 
throughout the projectile test area. 
 
 

CONCLUSION 
Preliminary results of an analysis of an IEEE 802.11b WLAN based data telemetry system operating 
at YPG are being used to support the use of 2-RAD to telemeter data from fast moving platforms. 
These results indicate that fast moving telemeters up to Mach 5 will result in Doppler shifts that are 
well within the specified frequency tolerance of IEEE 802.11b. A coverage analysis of the YPG 
range indicates that the current IEEE 802.11b infrastructure may be insufficient to cover the area that 
will be used for projectile testing, and more IEEE 802.11b ground stations may be required. Future 
tests in the field and on a JHU/APL testbed will be used to support these conclusions, as well as 
evaluate the effect of Doppler shift rate, handovers of fast moving platforms from one AP/WB to 
another, the scalability of the 2-RAD system, and the ability of the network Management 
Information Base (MIB) to change network management information as fast moving platforms move 
in and out of the network. 
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ABSTRACT 
 
Commercial wireless protocol use (e.g. Wireless Access Protocol, Bluetooth, etc.) is 
becoming widespread as the demand to access computing devices in remote locations 
grows.  Although not widely prevalent today, wireless access of post processed telemetry 
data will become a common activity.  Essential to the use of such a capability is the 
security of the wireless links involved in the data transfer.  Each wireless protocol has an 
associated security paradigm.  Some protocols have stronger security schemes than others 
and this should influence protocol selection for particular telemetry data transfer 
applications. 
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INTRODUCTION 
 
Today there are many wireless protocols used to communicate digital information.  All 
utilize security schemes. After reviewing the various wireless protocols and their security 
paradigms (e.g. Wireless Transport Layer Security) examples will be given of how they 
might be deployed to transfer post processed telemetry data in a remote field operation. 
 

THE 802.11 STANDARD 
 
The IEEE 802.11b Wireless Local Area Network [1] (WLAN) standard operates in the 
2.4GHz unlicensed Radio Frequency (RF) band.  It has a theoretic maximum 
transmission rate of 11 Megabits per second (Mbps), although dynamic rate shifting 
allows data rates to be adjusted down for noisy conditions (anywhere from 5.5Mbps to 1 
Mbps).  802.11b uses either Frequency Hoping Spread Spectrum (FHSS) or Direct 
Sequence Spread Spectrum (DSSS). The standard defines only the bottom two levels of 
the Open Systems Interconnection (OSI) model (the physical and data link layers).  The 
802.11b standard implies two modes of operation.  The first is peer to peer mode (also 
known as “ad hoc” mode) in which wireless nodes directly communicate.  The second,  
requires two pieces of equipment to operate: the wireless node and an Access Point (AP) 
which acts like a hub between the wireless systems and a wired network (Figure 1).  This 
mode of operation (also known as “infrastructure” mode) is the more familiar 



client/server infrastructure where the hub acts as bridge to the wired network.  Access 
points typically have ranges of 20 to 100 meters. The IEEE has also already issued a 
specification for 802.11a, which will operate at 5.7GHz and support a 54 Mbps data rate.  
The 802.11b, and 802.11a high data rates do come at a cost, to support the data rates, 
fairly medium to high power is required. 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 1.  A simple 802.11b network architecture 
 
 
 
 
 

802.11 SECURITY ISSUES 
 
Before utilizing the AP, the wireless client and the AP must establish a relationship 
known as an association.   This is actually a process in which the client goes through 
three phases with respect to the AP:  
 

• Unauthenticated and unassociated – not connected. 
 

• Authenticated and unassociated – A client can listen to identify access points 
within range or actually send out specific requests to find an access point.  
Information is exchanged (known as management frames).  There are two types 
of authentication open system authentication in which anyone is authenticated, or 
Shared Key authentication, which uses a classic challenge/response paradigm. 
 

• Authenticated and associated – After being authenticated the client sends an 
association request frame; then after receiving the association response frame the 
client is on the wireless network. 

 
 
Privacy is achieved by use of what is known as Wired Equivalent Privacy (WEP) [2].  
This involves the use of a shared key, and the RC4 encryption algorithm.  When a frame 
is to be sent a CRC (i.e. checksum) of the frame is calculated an it is appended to the 
frame.  Next a 24 bit Initialization Vector (IV) is chosen and append to the shared key to 

Wireless Station 1 

Wireless Station 1 

Access Point     
(AP) 

(wired) IP Network 



form what is known as the “per packet” key.  This entity is used to derive a RC4 key 
schedule.  RC4 is used to generate a key stream equal to the length of the frame payload 
and the CRC.  The sender will exclusive OR the generated key stream against the 
plaintext payload data and CRC.  The sender also inserts the IV into the appropriate field 
in the frame header and marks the frame as encrypted.  A receiver checks to see if the 
frame is marked as encrypted.  If so, it will extract the IV and append it to its copy of the 
shared key to generate the per packet key and subsequent RC4 key schedule.  RC4 is 
applied to the schedule to produce a key stream the length of the packet’s encrypted 
payload.  The key stream is then exclusive ORed against the encrypted payload to extract 
the plaintext.  The receiver can then recalculate the CRC and compare it to the decrypted 
CRC value to insure that data drop out or data tampering has not occurred. 
 
While a key length of 40 bits makes the RC4 algorithm vulnerable to brute force attack; 
upping the key length to 128 bits eliminates this direct risk.  However, the overall WEP 
scheme is still vulnerable.  RC4 being a stream cipher is susceptible to the following 
effect: encrypting the same two messages under the same IV can reveal information 
about both messages.  IV’s end up being re-used due to poor IV management techniques 
or simply exhausting the 24 bit IV space due to heavy traffic at the AP.  There have been 
various proposed fixes for these problems.  The IEEE formed a committee to address 
these vulnerabilities (known as the 802.11 Task Group I).  Their proposed solution 
involves using new ciphers (TKIP and AES) that afford for packet integrity and 
confidentiality.  Some vendors are now shipping equipment that use the new ciphers and 
better authentication mechanisms that utilize the Extensive Authentication Protocol 
(EAP).  The EAP work was done by the IEEE 802.1X committee. 
 

BLUETOOTH 
 
The Bluetooth [3] [4] standard also makes use of the 2.4GHz frequency range.  Blue 
tooth frequency hops (Frequency Hop Spread Spectrum), FHSS. The operating frequency 
range is cut into 79 channels that must be used in a pseudo random pattern ( no more than 
.4 second use per channel in a 30 second period).  This frequency hoping effect 
sometimes makes Bluetooth a little more impervious to interference than 802.11.  
Operating range for Bluetooth devices is approximately 10 meters (although 20 to 30 
meters have been reported in “clean” environments) with a maximum data transfer rate of  
723.3Kbps.  Bluetooth and 802.11 can coexist in the same environment; but the potential 
does exist for them to interfere with each other.  Bluetooth is essentially intended to 
replace cables between devices (due to its limited range and low power requirements). 
 
Bluetooth has a fairly extensive protocol stack beyond the radio layer described above, 
there is the physical Baseband layer which manages physical channels and links in 
addition to providing other services like error correction, hop selection, and security.   
The Baseband protocol is implemented as a link controller that is managed by the next 
layer up in the stack, the Link Manager.  The Link Manager handles link initialization 
and configuration.  It uses a Link Manager Protocol (LMP) to talk to other Bluetooth link 
managers.  The LMP utilizes many protocols that accomplish such things as 
authentication, encryption, timing and clock functions, etc.  The next layer is known as 



the Host Control Interface (HCI) layer.  It provides a command interface to the Baseband 
controller and the Link Manager.  The Logical Link Control and Adaptation Protocol 
(L2CAP) provides connection oriented (Synchronous Connection Oriented, SCO) and 
connectionless (Asynchronous Connectionless, ACL) data services to upper level 
protocols.  Finally, the RFCOMM Protocol layer provides emulation of serial ports over 
the L2CAP Protocol.  Higher level networking protocols like IP, TCP, UDP maybe run 
on top of the Bluetooth protocol stack. 
 

BLUETOOTH SECURITY 
 
Bluetooth has three different security modes [5] [6].  In mode 1 the device will not 
initiate any security.  In mode 2 no security is initiated until connection establishment on 
the L2CAP level.  This implies security will be carried out at a higher application level.  
In mode 3 security procedures are established before a link is completed.  Bluetooth 
devices use a combination of a Personal Identification Number (PIN) and a Bluetooth 
address to identify devices.  In mode 3 both authorization (i.e. a device must be 
authenticated) and privacy (data secured going between two devices) are implied.  128 bit 
keys are used for authentication and encryption.  Key initialization and exchange must 
occur a priori before devices can securely communicate with one another.  This process 
occurs in several steps. First and initialization key is generated after a PIN is input to the 
device (the PIN can also be stored in non-volatile RAM on the device).  Next, 
authentication of the devices is accomplished via a challenge response paradigm.  After 
this a link key is generated and exchanged; then, the link key is used to derive an 
encryption key.  The encryption key can then be used for secure peer to peer 
communication.  The encryption key can range from 8 to 128 bits.    Security concerns 
involve man in the middle type attacks were key exchange is not being done with the 
intentended peer (made a little more difficult with the reduced 10 meter operational range 
of Bluetooth) and the length of the device PIN. 
 

THE GLOBAL SYSTEM FOR MOBILE COMMUNICATION (GSM) 
 
Frustrated by the incompatibilities of analog cell systems on the European continent in 
the early 1980’s, the Europeans formed a study group called the Groupe Special Mobile 
(GSM) to develop a pan-European public cell system.  Commercial service was started in 
1991 and today GSM systems exist on every continent.  The GSM system [7] can be 
divided up into three parts, the mobile device, the Base Station that controls the link with 
the mobile device, and the Mobile Switching Center that performs the switching of calls 
between the mobile users and between mobile and fixed network users.  Mobile device to 
Base Station communication (uplink) occur over the 890-915 MHz frequency range; 
while the 935-960 MHz range is used for base station to mobile station communication 
(downlink).  Bandwidth is divided up utilizing a combination of time and frequency 
division multiple access.  The FDMA part involves a division by frequency, while the 
time division of the carrier frequencies is done using a TDMA approach. 
 
 
 



GSM SECURITY 
 
The GSM security model [8] is based on a shared secret between the mobile device 
Subscriber Identity Module (SIM) and the GSM provider.  The device is allowed access 
to the network if a random challenge issued by the Mobile Switching Center is correctly 
responded to.  The shared secret is a 128 bit key that is used to generate a 32 bit response 
and a 64 bit session key.  The session key will be subsequently used to encrypt the 
data/voice from the mobile device to the base station.  Vulnerabilities in the GSM 
security model include the ability to attack a SIM to extract the shared secret, or plaintext 
attacks on GSM frames taking advantage of the fact that GSM frames have repeated 
information in them. 
 

THE WIRELESS APPLICATION PROTOCOL  (WAP) 
 
The Wireless Application Protocol was created by the WAP Forum [9] (a consortium 
created by Motorola, Ericcson, Nokia, and Phone.com) with the goal of providing mobile 
phone devices access to the wired Internet.  A set of protocols were defined that could 
run on top of the world’s wireless phone networks.  The WAP protocol stack is 
comprised of the following layers: 
 

• The Wireless Application Environment (WAE) provides an environment for 
running applications that can display information encoded in the Wireless Markup 
Language (WML) or execute Wireless Markup Language Scripting code 
(WMLScript) 

 
• The Wireless Session Protocol (WSP) provides methods for reliable content 

exchange between client/server applications. 
 

• The Wireless Transaction Protocol (WTP) provides additional, convenient, 
transaction facilities. 

 
• The Wireless Transport Layer Security (WTLS) provides security functionality 

including authentication and privacy facilities.  This protocol is very similar to the 
Internet Secure Sockets Layer (SSL) (now known as TLS) protocol.  The essence 
of WTLS (and TLS for that mater) is exchange of material between a client and 
server entities that allows for a derivation of a secret key (also known as a shared 
secret) that is used to encrypt information between the client and server.  This is 
known as WTLS Class 1 operation.  In WTLS Class 2 the server additionally 
provides the client a certificate for authentication.  In WTLS Class 3, the client 
also provides the server a certificate.  The vulnerabilities of TLS (and hence 
WTLS) have been fairly thoroughly studied [10] and while active attacks centered 
on changing the cipher spec or key exchange spoofing are possible, overall the 
protocol is very solid. 

 



• The Wireless Datagram Protocol (WDP).  This is the transport layer that shields 
the upper layers of the protocol stack from the bearer (e.g. Circuit Switched Data, 
CSD, Simple Message Service, SMS, etc.) 

 
The implication of WAP is basically a mini web browsing environment on a cell 
phone enabled devices.  Entities known as WAP Gateways link wireless WAP 
requests into the wired Internet, allowing the mobile WAP browser a capability to 
access data placed on Internet servers that are in a WML format.  WAP Gateways can 
provide additional functionality including converting HTML based Internet data into 
a WML format data for diaply on the mobile device.   
 

LEVERAGING WIRELESS TECHNOLOGY IN THE FIELD 
 

The two wireless technologies that hold the most promise for telemetry post processing 
field analysis are clearly 802.11b and the commercial cell phone GSM network. Due to 
the relatively short range of 802.11, and the costs associated with setting up 802.11 
access points, it is suggested that the most cost effective approach maybe utilizing the 
WAP protocol stack on top of the commercial GSM network.  A caveat being that 
commercial GSM service is available at the test range. 
 
A simple field test operation utilizing WAP and GSM is depicted in Figure 2.  In this 
example test data (E1) is downlinked and collected at a receiving station (E2) that also  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 2. Simple WAP Architecture for field review of telemetry test data. 
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has computer network connectivity to data reduction and post processing facilities (E3).  
In order to make use of WAP, a WAP gateway (E5) will be set up that has access to the 
reduced data. Once the data is reduced it must be made available for WAP browsing.   
This can be accomplished by appropriately formatting the reduced data to be displayed 
using the WML language.  The WML data must be served via a standard web server (E4) 
that has been set to serve WAP MIME types.  The client WAP device (E9) obtains access 
to the WML data by utilizing the commercial phone wireless and wired networks (E7, 
E8) and dialing into a remote access server ((RAS) (E6).  The RAS server must have 
access to the network hosting the WML server.  Depending on the data speeds of the 
phone lines connected to the RAS server (and the data capabilities of the GSM network) 
data speeds will typically range from 9.6 to 40 kbps.  When General Packet Radio 
Service (GPRS) (an enhancement to GSM networks) becomes more generally available, 
data speeds will be much faster over GSM networks. 
 

CONCLUSION 
 
Wireless data technologies will revolutionize when and where we examine information.  
The most popular wireless protocols include 802.11b, Bluetooth, and GSM.  While these 
underlying wireless protocols support security, most have security holes that require 
better security paradigms (e.g. WTLS) from the higher level applications (e.g. WAP) 
running on top of the wireless infrastructure.  An example was given illustrating how 
WAP and the commercial wireless information infrastructure (GSM) maybe used to 
deliver reduced telemetry test data to wireless data devices in the field. 
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ABSTRACT
   The US Army’s Yuma Proving Ground (YPG) uses a wireless local area network (WLAN) to gather
test data.  It is desired to extend this WLAN to support tests of gun-launched munitions where
miniature and rugged data acquisition hardware will be required.  The Two Way Robust Acquisition of
Data (2-RAD) program has been initiated under the Central Test and Evaluation Investment Program
(CTEIP) to develop a process to expand the use of WLAN technology, which is now primarily used at
YPG for internal ballistic test data acquisition.
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INTRODUCTION
In order to evaluate the use of WLAN technologies for the acquisition of military test data, the potential
benefits must be examined.  Some potential benefits are higher data rates, shared processing of data,
time sharing of network bandwidth, low ground station cost, natural 2-way links at the same frequency,
and the support of network centric weapons and platforms. Developments from the 2-RAD project can
materially augment the use of serial stream telemetry infrastructures with internet-like devices using
WLAN technologies to support a wider variety of test scenarios.  The 2-RAD program goals are to (1)
provide network and physical layer models to predict and extend the existing WLAN performance, (2)
extend these models to other potential network telemetry applications (missile defense or the Army’s
Future Combat Systems), (3) understand the impact of network security, (4) define a path for miniature,
high-g products for airborne munitions tests, and (5) conduct a flight test with a 70mm ballistic rocket
as a fast mover airborne node in aWLAN trial.

YPG has used commercial-off-the-shelf (COTS) devices to implement an 802.11b WLAN. The
existing YPG WLAN is shown in Figure 1. This system currently is configured using standard
Ethernet Bridging and Wireless Ethernet Access Point/Client operations with 6 units providing a
stationary backbone.  Only one of the wireless backbone devices is tied to the fiber optical network
backbone that services all of YPG’s computer systems.  It is via this network connection that all data
collected from wireless sources are processed and archived.  Similar wireless devices are used for data
collection at fixes sites (metrological data) and for slow moving ground and air vehicles. There are three
types of sites:  6 fixed infrastructural repeaters, multiple fixed position data transponding nodes, and
multiple mobile test supporting nodes.  The approximate East-West extent of YPG is 55 miles.  A
typical infrastructural site is shown (Figures 2a, b, c, and d) in a field configuration with a set of solar
panels, automotive battery, and omni-directional whip antenna.  Also shown are interior device views,
showing network and data acquisition boards with a radio/antenna combination.



Figure 1.  WLAN for test data acquisition at YPG.

Figure 1.  YPG WLAN site locations.

Figures 2a. and b.  A YPG Infrastructural Site.



Figures 2c. and d.  Internal Views.

Under the 2-RAD program, The Johns Hopkins University Applied Physics Laboratory (JHU/APL)
has produced network scaling and physical layer models that agree with the experiences at YPG.  The
key technical issues to be addressed are linked to the Doppler/Doppler rate and hand over problems of
a node that has high accelerations or velocity, a so-called fast mover.  This paper will not discuss those
aspects.  Instead, it will focus on longer-term issues of frequency selection, encryption,  and network-
supported data processing.

PRACTICAL EXPERIENCES
The COTS WLAN devices were not originally intended for long distance transmissions, but clearly the
success of the YPG implementation has produced a more quantitative examination of the approach and
future use.  A short summary of the 802.11 standards is shown in Table 1.  The “b” standard has been
the first commercial implementation and is known as “WiFi.”  The “a” standard is just now
experiencing the release of commercial products.  The “g” standard implements the “b” standard with
a modulation scheme that can support the higher data rates.  The number of non-overlapping channels
is for 802.11a in the United States is three.  Using a 2 bit/Hz rule of rule of thumb, then prudent
practices will restrict the other standards to fewer channels when guard bands are employed. Guard
bands are regions in a spectral map that provide unused buffer zones between channels.  Given
favorably low radiated power levels and large distances, a fourth channel has been used at YPG, but this
is not a standard operational mode.

IEEE
Standard

Frequency Band
(GHz)

Max Data Rate
(Mbps/channel)

Max Number
Channels

802.11a 5.725 to 5.850 54 1-2

802/11b 2.400 to 2.4835 11 3

802.11g 2.400 to 2.4835 54 1

Table 1.  A Short Description of the 802.11 Standards.

It is interesting to examine the number of tests and the associated data flows that are typically supported
on a daily basis at YPG.  Clearly the management of the test data by a network with 11 Mbps/channel



maximum through put shows the inherent capability and flexibility of this approach.  A typical array of
nodes and data rates is shown in Table 2.  Essentially, most of the YPG WLAN is comprised of
“bridge” radios that can transmit data using different channels.  A judicious use of buffering can also
be applied, so that time can become a new and independent variable in the data acquisition strategy.  The
data traffic shown in Table 2 would not be a surprising feat for a ground-based network, but this is a
WLAN.  A simple test was recently run where a specific data set was moved through the network while
the usual background support was in progress.  The “receive rate” for 120 packets per second that
contained 272,142 Bytes translated into approximately 2.2 Mbps.

Data Source/Network Node Data Flows (Mbytes) Directories/Files

Stationary MET Sites 1.3 multi-reads/not stored

Video (4 sites/low resolution) 13 multi-reads/not stored

Indirect Fire Weapon Data (1
test/day)

272 79 /2299

Direct Fire Weapon Data (2
tests/day)

254 43 /3672

Mortar Weapon Data (2 tests/day) 70 51/404

Table 2.  Typical Traffic Summary for the WLAN on a Test Day at YPG.

The practical considerations of operating a WLAN in the 2.4 or 5.7 GHz bands, which are not
controlled like the usual L or S-Band frequencies, represents a challenge for the future.  The test and
evaluation community has shown interest in non-standard frequency bands (4.4-4.9 GHz, 5.4-5.9 GHz,
and 7.125-8.175 GHz). Performance trades for higher frequencies /higher data rates/multiple channels
with lower link margins (shorter distances) must also be examined.  These frequencies do not coincide
with the 802.11 standards, but new physical layer chips could provide new frequencies for DoD range
use.  The tools developed under the 2-RAD effort could be used to assess the utility of these higher
frequencies.  Of course antenna systems must be developed to support these new frequencies and that
could be problematic simply from a development and cost standpoint.  For example, it has been a
simple matter to identify inexpensive COTS antennas for implementations of the mobile units, as
shown in Figure 3.  The antenna issue will need more attention in the demonstration of a munition
(such as a projectile or missile) as a node in the network.  It is typical that conformal antennas for
muntions have nulls, and these nulls could produce time varying changes in link margin and impact the
performance of the network.  The use of inexpensive additional ground nodes can mitigate lower link
margins that will occur due to higher transmission frequencies and antenna nulls.  Any of these
antennas must also have sufficient isolation to properly function with a GPS antenna.  Moving to
higher radio frequencies could mitigate GPS interference problems.



Figure 3.  COTS Stub Antenna for Mobile User WLAN sites.

UNIQUE   FEATURES
Once a network is in place, however, the question remains – what to do next? The top list can include:
extremely high data rates, network security, and miniaturization.  The issue of high data rates is
seemingly very attractive since the 802.11a maximum data rate for single channel use is 54Mbps. If
very high frequencies are used, then very high data rates could be achieved. One must be very careful to
understand that similar data rates would be possible if normal telemetry methods were employed at
higher frequencies, but a WLAN could perhaps more easily manage and efficiently use these wider
bandwidths.  It is also true that guard bands for any wireless method must be employed.  The unique
feature of a network is the use of time phasing and buffering to control the data flow coupled with
automatic repeater and 2-way capabilities.  These techniques could be employed in a standard telemetry
system at great expense, but they are part of the normal nature of a network.

A major issue with the wireless data is always security.  As usual, some form of data encryption will be
required.  In addition, a network will probably also need intrusion protection.  Fortunately there is a
near term solution to the encryption aspect based upon the SecNet 11TM product from the Harris
Corporation.  SecNet 11TM is a Type 1 Secure Wireless LAN (SWLAN) available in a PC card
(PCMCIA) format.  It is based upon the Baton encryption algorithm and secures the RF link.  This
solution supports the data rates (to include the 5.5, 2, and 1 Mbps auto-fallbacks) used with the IEEE
802.11b standard.  At the top level, the implementation is based upon an application specific integrated
circuit  (ASIC), two programmable logic chips, and a key fill device to augment the PRIISM II chip set
from Intersil.  The SecNet 11TM product will also feature a separate power amplifier and RF switch to
provide transmission frequencies in the upper S-band or in the 2.4GHz band.  Release of the SecNet
11TM products is expected by the summer of 2002. There is also the potential of conversion to other
frequencies in the C-, L-, and X-band spectra.  Pricing quotes for the Harris products are roughly in the
$3000 range.

Any modern telemetry implementation would be driven by cost, power, and size.  The SecNet 11TM

product addresses both of those issues, but the unique needs of the DoD test community must also be
considered – especially if WLAN technology is to be used with airborne munitions.  The Hardened
Subminiature Telemetry and Sensor System (HSTSS) program, which is also funded by the Central
Test and Evaluation Investment Program (CTEIP), has made great strides in the use of commercial
practices and government developments to provide a new generation of highly packaged telemetry
products.  The modular approach of the HSTSS program assumes that a single hardwired
configuration telemetry device is not suitable for most testing applications.  As such the HTSSS
program has produced and/or demonstrated a series of modular products to include batteries, sensors,
programmable logic devices, crystal oscillators, antennae, and telemeters.  HSTSS has been



instrumental in the use of commercial-off-the-shelf MEMS sensors (accelerometers and angular rate
sensors).   In addition, the electronic devices are available in die form and have been assembled using
mixed packaging techniques to provide highly miniature system solutions.  The HSTSS program has
supported a highly integrated solution for an artillery fuze with the development lead by the Army
Research Laboratory’s Weapons and Materials Directorate at Aberdeen Proving Ground, MD.  Figure
4 shows the board level configuration (diameter of 1.125”) that is inserted into a NATO standard
artillery fuze configuration (Ref 1,2,3).  These components are integrated with a circular disc antenna
that radiates at approximately 2.2 GHz.

Figure 4.  HSTSS Boards for a NATO Standard Fuze: ((a) Sensor Board (courtesy D. Hepner
ARL,(b) Encoder Board (courtesy P. Muller), (c) Assembly with M/A-COM transmitter  (courtesy P.

Muller), CAD Rendition of Assembly (courtesy P. Muller, ARL), and (e) NATO Standard Fuze.)

The HSTSS program has not pursued miniature encryption technologies, however.   A goal would be to
follow this integration and miniaturization path replacing the M/A-COM transmitter board with a
WLAN and to provide a miniature encryption capability if needed.  Of course swapping the M/A-COM
transmitter for a WLAN with encryption requires the use of more devices and would require more
volume or substantially higher electronic integration.  The layout of the Harris PCMCIA 802.11 card
with encryption is shown in Figure 5 (courtesy Harris Corporation).

(a)

(b)
)

(c)

(d)

(e)



Figure 5.  An 802.11b PCMCIA Card from Harris.

The devices that are shown are certainly more numerous than the major components in the HSTSS
transmitter, which are the high-g crystal oscillator, the voltage controlled oscillator, the phase-locked
loop, and the power amplifier.  Under the 2-RAD program, inquiries as into die level component
availability are underway to support higher packaging densities.   However, if HSTSS-like mixed
packaging techniques were used, the rectangular PCMCIA layout could be transformed into a set of
circular boards.  The battery that is shown is needed for the encryption device, but the HSTSS program
is very knowledgeable in these technologies for use with their products.

CROSSLINK TRANSCEIVER TECHNOLOGIES
The use of a WLAN is typically for connectivity and ease of data transmittal.  There is another highly
novel utilization that could in certain circumstances be of great value to the test community.  This
application is the Crosslink Transceiver (CLT) (Ref 4,5).  A block diagram is shown in Figure 6 with
an expanded view of the CLT hardware for space applications in Figure 7.  The concept is relatively
simple – use the network to provide a near real time solution that is based on the shared data from the
nodes.  This presumes that the network has sufficient bandwidth to co-process data using a Kalman
filter.

Figure 6.  High Level CLT BlockDiagram



.

Figure 7.  Crosslink Transceiver in an Expanded View

JHU/APL has pioneered the use of the CLT where communication, control, and navigation functions
are combined.  The hardware is unusually large since all components are space qualified, but the
components could be significantly reduced in size for other applications.  In the present CLT format,
absolute GPS solutions can be filtered across the network to achieve more accurate relative position
solutions for the nodes.  In addition, ranging data from the transceiver waveforms can be used to reduce
the RF front-end biases, thus providing additional position improvements.  If sufficient processing rates
and bandwidth are available, then improved real time, relative position solutions can be achieved.   CLT
technology has been developed for the autonomous operation of groups of spacecraft, but this
technology could be implemented for vector scoring scenarios common to the test community.  The
CLT concept could be broadened to include other types of sensors where those data are fused in real
time as opposed to the usual post processing case.

CONCLUSIONS
This paper has described a WLAN at Yuma Proving Ground that is used to collect test data on a daily
basis.  The success of using this WLAN has spawned a closer examination into the utility and
extension of wireless network methods and the expanded use COTS-based products.  The chip set for
a WLAN appears  ready for further miniaturization using mixed packaging techniques using die level
components.  In addition, the requirement to encrypt test data (up to the SECRET level) can apparently
be met based upon a commercial product, which has a relatively small footprints and low power needs.
With the potential of continued miniaturization and the release of NSA-approved encrypted devices,
novel applications of WLAN technology should grow.  Given the drive of the DoD to network centric
combat system, a WLAN offers a natural environment to support the test of these systems of systems.
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ABSTRACT 
 
Using acquisition networks requires an understanding of the capabilities, design constraints and 
limitations of each available network device.  The proper use of bridges, routers and gateways 
become extremely important in large networks where dissimilar busses, protocols or applications 
may be found.  As data acquisition networks become a reality, the instrumentation network engineer 
must understand the benefits of each of these network devices and when to use them. 
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INTRODUCTION 
 
The use of bridges, routers and gateways in commercial networks is determined by the size of the 
network, the protocols and applications, the capabilities needed and problem being solved.  To 
understand which network device to use in a data acquisition network, the instrumentation network 
engineer must first understand the Open Systems Interconnection (OSI) 7-layer model.  The use of 
the OSI 7-layer model helps determine the architecture of the network, how the network devices will 
be used, the scaling capabilities of the network and its overall interoperability.  Using the OSI 7-
layer model (or similar model) and the proper network devices will affect how the data is transported 
and processed.  Understanding some of history of the development of these network devices helps 
the instrumentation network engineer specify the correct network devices.  A comparison of the 
advantages and disadvantages of bridges, routers and gateways gives the instrumentation network 
engineer a sense for the differences between these devices.  These choices will also affect 
performance areas such as latency, throughput, timing, network system capabilities, cost of the data 
acquisition network and the ability to adapt to changing requirements. 



 
 

NETWORK MODELS AND ARCHITECTURES 
 
One of the main differences between bridges, routers and gateways is which layer they operate in the 
OSI 7-layer model.  The OSI 7-layer model separates a network into distinct layers in which the 
network devices operate.  Each layer provides a service to the layer above and below.  This layering 
should be viewed as a useful framework for discussions and design constraints.  When deciding 
which layers to implement and 
the level of interoperability 
required, the layers can be 
joined or split to create a 
model for specific situations.  
Each layer is responsible for 
providing a service to the 
layer above by using the 
services of the layer below.  
Protocols establish rules for 
communication between 
layers.  The actual 
communication between 
layers using the rules of 
protocols is known as an 
interface.  The Internet 
community has combined the 
bottom two layers and the top three layers to create a four-layer model.  This Internet model (shown 
in Figure 1) is the most widely used of the networking model architectures. 
 
 

HISTORY OF BRIDGES, ROUTERS AND GATEWAYS 
 
What is a Bridge?  What is a Router?  What is a Gateway?  Without knowing the answer to these 
three questions it is difficult to make an intelligent comparison.  The International Standards 
Organization (ISO), which defines Internet standards, does not make the distinction very clear.  A 
bridge is defined as a data link device, a router as a network layer device and a gateway as an 
application device.  Sometimes bridges perform functions a router is supposed to do, sometimes a 
router performs bridging functions and sometimes gateways perform both functions and more.  
There is even a Brouter that performs bridging on some protocols and routing on other protocols! 
 
To understand the evolution of bridges and routers during the network revolution gives a better 
understanding of the thinking behind their development.  The history of Ethernet gives an example 
of the evolution of bridges.  Ethernet was originally designed as a bus technology.  This topology 
required routing of the cable throughout the building or office.  A more convenient strategy was to 
use a star topology and to use ordinary telephone cable.  The center of the network was called a hub; 

Figure 1 OSI and Internet Models 



it connected the segments together by acting as a repeater.  Although the hub acted as a single point 
of failure, it is less likely to fail than a bus because it normally sits in a closet while a bus, with it’s 
many connections has several potential points of failure.  A hub, therefore, is a multiport data link 
layer repeater.  The hub simply transmits every packet it receives to every other port of the hub.  If 
two stations transmitted at the same time a collision would occur just as in the bus topology.  The 
vendors then added “smarts” to the hub so that the hub can make decisions on where to send the 
packet.  This “smarts” in the hub includes the ability to store and forward a packet, it can then make 
decisions on which port to send the packet and the hub learns where the destinations are and acts to 
send the packet on those particular ports.  Collisions do not happen on these “smart” hubs, because 
the minimum packet sizes and maximum distances do not apply.  The ports on the “smart” hub can 
be different speeds (10Mbs and 100Mbs).  Since the packet is stored and forwarded, the two ports 
can negotiate the speeds on each port.  When two “smart” hubs are connected together, multiple 
collisions can occur and loops can be created (See Figure 2).  Because collisions and loops cause 
decreased speed and long convergent times, the spanning tree algorithm was applied to enable 
“smart” hubs to learn the network topology to prevent loops.  With the addition of the spanning tree 
algorithm the “smart” hub became a bridge.  The spanning tree algorithm allows bridges to 
dynamically discover a portion of the network that is loop-free (a tree) and yet has enough 
connectivity so that where possible, there is a path between every pair of LANs (the tree is 
spanning). 

 
Figure 2 Bridges with Possible Loops 

 

BRIDGES, ROUTERS AND GATEWAYS 
 



As previously stated, bridges operate at the data link layer, they forward packets between physically 
separate LANs.  They listen to the traffic on two separate networks and learn the nodes on each 
LAN.  The reason for this is to leave local traffic on a local LAN and to forward traffic if on an 
adjacent LAN. 
 
In contrast, routers operate at the network layer, they forward packets based on their IP address so 
they keep a routing table that is used to make routing decisions.  A router can use routing protocols 
to make decisions on the best route to take from one location to another.  A router can have multiple 
ports in which different modules can be inserted for the particular network being used.  A router can 
provide isolation in a network so that if a failure or misconfiguration happens on one area of a 
network, the whole network will not crash.  Consequently a router can route from one networking 
technology to another.   
 
A gateway acts as a translator between two systems or devices that do not use the same 
communication protocols, data formatting structures, languages and/or architecture.  Unlike a bridge, 
which simply passes information between two systems without conversion, a gateway repackages 
information or changes its syntax to match the destination system.  Most gateways operate at the 
application level relative to the OSI 7-layer model.  An example of a gateway is an electronic mail 
gateway, which translates from one vendor’s messaging application to another’s so that users with 
different e-mail applications can share messages over the network.  A typical email gateway 
converts messages from a proprietary message format to the industry standard X.400 format. 
 
 

COMPARISON OF BRIDGES, ROUTERS AND GATEWAYS 
 
The following lists specify some of the advantages and disadvantages of bridges, routers and 
gateways.  These lists are summarized in Table 1.  Some disadvantages of bridges, routers and 
gateways are discussed in these sets of bullets: 
 

• Bridges can use only a subset of the topology (spanning tree).  However, routers can use the 
best path that physically exists between source and destination.  Bridges are transparent.  
They do not modify the packet in any way.  A packet transmitted by a bridge cannot be 
distinguished from a packet transmitted by a node.  Packets can proliferate (creating a loop) 
with bridges when a bridge forwards the packet onto several LANs, and several bridges pick 
up the packet when it is transmitted onto a LAN. 

 
• Bridge reconfiguration after a topological change is an order of magnitude slower than router 

reconfiguration after a topological change.  This stems from the transparency constraint that 
makes bridge loops much harder to prevent than router loops.  The data link layer header has 
no hop count to kill off packets in an infinite loop, and the packets can spawn many copies; 
bridges might forward a packet onto multiple ports, and multiple bridges might pick up a 
packet transmitted on a shared medium.  In contrast, loops are not a disaster with routers, so 
routers can switch over to new paths as soon as information is received. 

 



• Bridges offer no firewall protection against broadcast storms.  Bridges cause multiple LANs 
to appear as if they are one LAN to the upper layer protocols.  When LANs are bridged they 
become a single LAN from the point of view of the upper layer protocols.  Therefore, 
broadcast storms disable the entire bridged set of LANs.  As a result, it is common to limit 
the size of the LAN and instead break a large topology into smaller IP subnets.  The IP 
subnets must be interconnected through the network layer rather than the data link layer. 

 
• Bridges must drop packets that are too large to forward.  Network layer headers contain 

fragmentation and reassembly information.  The data link layer header does not.  Therefore, 
bridges must drop a packet that is too large to forward.  Also bridges cannot send an error 
message back to the source to let it know the packet was dropped because no such packet is 
defined in the data link layer header. 

 
• Bridges cannot give congestion feedback to the nodes.  The network layer protocols have 

mechanisms such as congestion-experienced flags and source quench messages.  The data 
link layer has no similar mechanism.   

 
Some of the advantages of bridges, routers and gateways are discussed in this set of bullets: 
 

• Bridges are really plug and play.  Routers require much more configuration.  Although some 
network layer protocols (Appletalk) are close to being plug and plug and IP is improving, 
bridges are still much easier to deal with. 

 
• Bridges have a better price to performance ratio than routers.  The reason is that routers must 

parse a network layer header, which is more difficult to parse than a data link header.  
Routers are getting better but bridges are still faster and cheaper. 

 
• Bridges forward even unroutable protocols.  Some upper layer protocols are designed to run 

over the data link layer.  Without a network layer only a bridge can interconnect LANs with 
respect to protocols.  Brouters allow support to these protocols without requiring that other 
protocols be bridged. 

 
• Bridges allow an IP node to move within the bridged portion of the topology without 

changing its IP address.  So, even if all the nodes run IP, it is useful to build parts of an IP 
network out of bridges. 

 
• Bridges can extend the length of an existing LAN. 
 
• Routers forward a packet in only one direction and specify the router to which the packet is 

being forwarded.  Therefore, a loop with routers will not cause packet proliferation. 
 
 
 
 
 
 



 Advantages Disadvantages 
Gateway • Allows complete translation 

from one app to another app 
• Can add significant latency 
in processing 

Router • Uses best path between 
source and destination 
• Fast convergence after 
topology change 
• Loops will not cause packet 
proliferation 
• Allows subnets to segment a 
network 
• Provides feedback to nodes 
for congestion control 

• Require configuration, not 
plug and play 
• Adds latency because works 
at network layer 

Bridge • Plug & Play 
• Better price to performance 
ratio 
• Allows IP node to move 
within topology 
• Extends the length of LAN 
• Forwards without parsing 

• Uses only a subset of the 
topology 
• Slow during topology 
changes 
• No protection against 
broadcast storms 
• Drops packets that are too 
large 
• Cannot send error message 
back to node when drop 
packet 
• No mechanism for 
congestion control 

 

Table 1 Advantages and Disadvantages of Bridges, Routers and Gateways 
 
 

BRIDGES, ROUTERS AND GATEWAYS IN DATA ACQUISITION NETWORKS 
 
The use of bridges, routers and gateways in data acquisition networks requires an understanding of 
the problem that is being solved.  There are different situations where a bridge, router or gateway 
will meet the needed requirements and capabilities.  As an example, a bridge could be a solution to 
extending a network to an area not normally instrumented, extending a LAN inside a large test 
vehicle, providing a bridge to a recorder or transmitter or using a bridge between a legacy system 
and a commercial technology.  The use of a router could be used to segment a LAN inside a large 
test vehicle or to isolate different segments of a network.  A gateway provides the use of a complete 
translation from one application to another.   There are several programs currently 
experimenting/implementing data acquisition networking technologies for the T&E community.  
Each of these four programs uses networking technology and can be evaluated using the standard 
OSI 7-layer model.  The first program uses bridge technology in the wireless areas.  The second uses 
a combination of wireless, LAN technologies and a Gateway to move data on an aircraft power bus.  



The third is a bridge from a legacy system to a commercial technology and the fourth program by 
NASA uses emerging standards for designing a distributed networking architecture. 
 
The Two-Way Robust Acquisition of Data (2-RAD) program is a program, which uses COTS 
technology for moving data from the test vehicle to the ground using Wireless Local Areas 
Networks (WLAN) technologies.  This is an example of the use of Ethernet technologies in which 
the relaying and collecting of data is done using a commercial wireless technology.  The standards 
being used include 802.11A and B which provide relatively high data rates.  This technology uses 
part of the data link layer (Media Access Control layer [MAC]) to transfer packets from a test 
vehicle to a relay or ground station.  In this case, the PCM encoder is being replaced with a MAC 
layer encoder.  The relay devices are acting as a bridge and the data collectors are using IP addresses 
(network layer) to reorder the data for processing. 
 
The Common Event Network Test-Instrumentation System (CENTS) program uses RF and 
networking technologies for data acquisition.  They use existing power busses on-board the test 
vehicle as the physical layer for the data acquisition LAN.  The architecture model uses an 
application layer that accesses the MAC Layer for address management.  This technology uses the 
data link layer to move data with the 802.3 CSMA/CD scheme and then encapsulates the 802.3 data 
format into the 802.11 wireless format.  CENTS uses a master controller to provide for LAN control, 
setup, timing and network IO.  The master controller acts as a Gateway.  This Gateway function 
provides the conversion and data formatting for transport to another medium such as a recorder or 
telemetry. 
 
Another example of a network device being used in data acquisition is the Fibre Channel Bridge to 
Legacy Instrumentation System.  The objective of this program is to develop a commercial product 
that will perform the CAIS to Fibre Channel bridge function.  This SBIR is demonstrating a CAIS to 
Fibre Channel bridging device that links legacy CAIS busses to a commercial Fibre Channel Bus.  
The bridge also outputs a standard PCM stream in addition to the Ethernet and Fibre 
Channel/Arbitrated Loop network.  The bridge provides the networking capability by buffering a 
copy of the PCM output data in local memory, formatting the data into network packets and sending 
the data via the Fibre Channel and/or Ethernet interfaces.  The development of a bridge from the 
CAIS bus to Fibre Channel Standard demonstrates the utility of moving PCM data to a commercial 
standard bus technology.  This development allows set-up selection either using Ethernet or RS232.  
The bridge allows IP addresses to be configured from the bridge to the nodes on the network either 
on the Ethernet interface or the Fibre channel interface.  The nodes on the network are configured as 
IP over Fibre Channel.  This bridge uses Fibre Channel protocols for arbitrating on the loop, which 
is a network layer function (routing function) but the network layer has direct access to the data link 
layer (bridging function) as a layer between the software and the hardware. 
 
Another networking project by NASA Dryden Flight Research Center is researching advanced 
network-based and distributed data acquisition tools and methodologies applicable to mobile 
aerospace environments.  The Linux Data Acquisition and Distribution System (LDADS) is a small 
generic data acquisition node that will allow researchers to explore the feasibility of the Linux 
operating system and emerging interoperability tools such as Java and Extensible Markup Language 
(XML) as a platform for distributed control applications.  LDADS envisions that in the near future 
test vehicles will be viewed as nodes collaborating on networks and is exploring the notion of a real-



time telemetry and measurement network.   The evolution of the Linux operating system, Java 
programming language and XML has the potential for significant cost savings in aerospace and data 
acquisition environments.  The LDADS project was identified as a systems-oriented, cost effective 
and leading edge approach for researching real-time measurement and telemetry network problems. 
 
 

PERFORMANCE ISSUES WITH BRIDGES, ROUTERS AND GATEWAYS 
 
When designing a data acquisition network, performance issues such as latency, timing and the 
performance of the nodes become critical.  The OSI 7-layer model helps to determine where to 
concentrate to meet the design requirements.  When specifying whether to use a bridge or a router it 
is imperative to look at the protocols being run on the different layers.  For example, with only a 
small number of neighboring nodes on a network, some protocols are encapsulated in the IP header.  
These routing protocols need not be forwarded by IP, because there is no reason to have an IP 
header.  The IP header makes the message linger and care must be taken to ensure packets don’t get 
routed because this could confuse distant routers into thinking they are neighbors.  The alternative to 
carrying messages in an IO header is to acquire a data link layer protocol type.  Because the network 
layer headers are wasted bits for messages that are neighbor to neighbor why would an engineer 
choose to run such protocols over the network layer.   
 

1. There may be an API for running over the network layer, so that the application can be built 
as a user process-whereas that might not be an API for running over the data link layer.  
Therefore running over the data link layer would require modification to the kernel. 
2. It may be bureaucratically difficult to obtain a data link layer-protocol type. 
3. In the case of IPv4, it lets you do fragmentation without devising some other mechanism. 

 
If the network design has requirements for a small number of nodes, the test vehicle is small and has 
the requirement for fast transfer of data, then a bridge will be sufficient.  If there is a small area in a 
test vehicle that needs connectivity to a larger network then also a bridge may work in this situation.  
If the network design encompasses a large area that need to be separated and isolated from each 
other, then a router should be used.  When using a bridge in a data acquisition network there are 
special requirements put on the bridge.  A bridge must be engineered to have sufficient CPU power.  
If the bridge’s CPU becomes a bottleneck, the bridge will start throwing away packets before it even 
looks at them.  In this situation, there is no way for the bridge to avoid throwing away configuration 
messages because it can’t distinguish a configuration message from a data message without looking 
at it.  Another requirement is that a bridge be able to transmit a configuration message no matter how 
congested the LAN.  All LANs enforce fairness, allowing each station at least a minimal amount of 
bandwidth.  Therefore, no matter how congested the LAN, the bridge will be able to transit a packet 
eventually.  Because it is critical that configuration messages get sent in a timely fashion, a bridge 
should be engineered so that a configuration message can be put at the front of a queue.  In practice 
underpowered bridges are a problem.  A temporary congestion situation causes lost configuration 
messages, which, in turn, causes loops.  Then the congestion resulting from looping and proliferating 
data packets makes the situation worse. 
 



It is desirable to use a protocol with as little dependence on other layers so that in the future one 
layer can be replaced without affecting the others.  An example of this is to have protocols above the 
network layer make the assumption that addresses are 4 bytes long.  The downside of the principle is 
that if you do not exploit the special capabilities of a particular technology at one layer, you wind up 
with the least common denominator.  For example, not all data links provide multicast capability but 
it is useful for routing algorithms to use data link level multicast for neighbor discovery, efficient 
propagation of information to all LAN neighbors and so on.  If this principle of not making special 
assumptions about the data link layer is followed too strictly, we might not have allowed the network 
layer to exploit the multicast capabilities of some data link layer technologies. 
 
 

CONCLUSION 
 
The difference between bridges, routers and gateways begins with the OSI 7-layer model.  Knowing 
what layer the network devices operate at helps to understand why they were designed for that layer 
and for what purpose.  It is critical when designing a network to agree on a model and architecture, 
otherwise there is a risk that network designs will fill narrowly defined objectives.  To begin to 
understand the differences between network devices it helps to understand some of the history 
behind their evolution.  This evolution from hubs to bridges to switches and routers also follows the 
evolution of networking technology.  The development of the spanning tree algorithm allowed a 
loop free network and also allows connectivity between every pair of LANs.  The use of routers has 
been described and the advantages and disadvantages of the various network devices. 
Four different networking projects have been briefly described that use networking technology for 
the T&E community.  The description of these projects was to illustrate the use of network devices 
in these projects.  The last topic discussed is some of performance issues to be aware of with 
designing or implementing a data acquisition network. 
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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. A large inter-connection of piconets can be arranged to 
form a scatternet for data collection in a Bluetooth based structural health monitoring Telemetry 
network. The Bluetooth protocol architecture supports the formation of a daisy chain network. 
However Bluetooth technology was not intended for long daisy chain networks. In this work, we 
propose to evaluate the throughput and latency for data transmission in a long daisy chained 
Bluetooth based telemetry network. 
 
 

INTRODUCTION 
There is an increasing interest in implementing wireless technology for telemetry applications. 
For applications such as measuring vibrations at different points along a highway bridge, the 
sensors are typically connected with cables. These cables increase cost and difficulty of installing 
and maintaining the system. Several wireless protocols such as Bluetooth, Wireless LAN 
(WLAN) are available for commercial purpose. The Bluetooth standard [1,2] has enabled the 
design of small, low power, low cost, embedded radios that can replace cables, heading towards 
ubiquitous connectivity. A Bluetooth system has the ability to form ad-hoc networks. A group of 
Bluetooth modules inter-acting with each other forms what is known as piconet. Sets of piconets 
can be arranged to communicate with each other and is known as scatternet. A daisy chain 
network formed from a scatternet can be used for data collection in a Bluetooth based structural 
health monitoring telemetry network [3]. Being a short-range technology, Bluetooth was not 
intended for long daisy chain networks. Our work analyses the throughput and latency for data 
transmission in a long Bluetooth based daisy chained network and its effect on sampling rate of 
the sensors in a structural health monitoring telemetry system. 
 
This paper provides an introduction to the Bluetooth standard, its networking arrangements and 
different feasible configurations of a Bluetooth based telemetry network. We then analyze a 
simple Bluetooth based telemetry network and evaluate its throughput and latency with respect 
to the sensor-sampling rate. Excellent reviews on some of the performance evaluation of a 
Bluetooth based network are provided by references [4-5]. 



 
Bluetooth Standard 

Bluetooth based systems operate in the unlicensed Industrial Scientific Medicine (ISM) band at 
2.4 GHz. [1-2]. 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. It uses Frequency-
Hopped Code Division Multiple Access (FH-CDMA) with short data packets to make Bluetooth 
link robust in a noisy radio environment. Bluetooth system uses a set of 79 hop frequencies with 
1 MHz spacing. The unit that controls the FH-CDMA channel is called the master. All other 
units participating on the same hopping channel are called slaves. Any unit can become a master 
or a slave. An ad-hoc network formed by a master slave arrangement is called a piconet. In a 
piconet, as the master hops in the frequency band all the slaves listens to the master at that 
frequency. Figure 1 illustrates a piconet arrangement. 
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Figure 1. A Master-Slave Arrangement in a Piconet 
 

Each piconet maintains its own frequency-hopping channel. All the members associated with the 
respective piconet remains synchronized to that hopping channel. Two or more piconets can 
interact with each other to form a scatternet. A long chain of interconnecting Bluetooth modules 
can be arranged for data collection. As the number of piconet increases, there is a considerable 
decrease in performance. Two factors that affect performance are amount of bridging and 
number of established links in each piconet [6]. Figure 2 illustrates a scatternet. 
 

 
 

 
 
 
 
 
 
 
 
 
 

Figure 2 A Scatternet 
 

Bluetooth uses Time-Division Duplexing (TDD) [7,8], where the master and slave can operate 
alternately. In a normal connection mode, the master transmits in even numbered slots and the 
slave transmits in odd numbered slots. Each time slot corresponds to one hop frequency. So a 
master-slave communication takes place at different carrier frequencies. The hop frequency 



remains the same for the duration of the packet. The Bluetooth standard supports three types of 
packet format, occupying one slot, three slots or five slots. Due to the packet type covering more 
then one slot, the master transmission may continue in odd numbered time slots followed by 
slave in an even numbered time slot. Figure 3 illustrates master slave TDD.  
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Figure 3. TDD in Bluetooth System 
 

Bluetooth network 
Paging and inquiry procedures are used for establishing new connections in a Bluetooth system 
[1,2]. The inquiry procedure enables a unit to discover those units that are in the range of the 
piconet along with their device addresses and clock information. The paging procedure then 
helps to establish the actual connection. A unit that establishes the connection will carry out a 
page procedure and will automatically be the master of the connection.  
 
To discover new units in the piconet range, a potential master will enter into the inquiry state and 
the potential slave will enter the inquiry scan state. The master will listen for responses as it 
sends short packets containing its ID and the Inquiry Access Code (IAC). All slave units that are 
in the inquiry scan state will listen for IAC packets. On receiving the IAC, the respective slave 
will respond with its Bluetooth device address (BD_ADDR), its clock, its frequency parameters 
and details about page scan time interval [1,2]. On receiving a response during the inquiry state, 
the master goes into the page scan state. The master generates a Device Access Code (DAC) for 
the corresponding slave using its slave device address. Since the master has the slave’s page scan 
time interval, it sends a slave DAC at that particular interval to the slave. The slave remains in 
the page scan state and listens for its DAC. As the slave hops slowly to cover the possible 
frequency hops from the paging master, the slave waits for one particular frequency to match. At 
that particular frequency, the slave transmits a page response to the master. The mater responds 
by sending a packet containing information about its BD_ADDR, its clock value, and the Active 
Member Address (AM_ADDR) for the slave. The slave also notes down this timeslot as master-
transmit timeslot in the piconet. The master and slave then exchange a poll and null packet to 
mark the establishment of master-slave connection and thus enter into the connection state. Once 
in the connection state, the master and slave can transmit data depending on the different master-
slave engagements. 
 
There are four different modes of master-slave engagement; Active, Sniff, Hold and Park [9].  
 



• 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. During a mater transmission, if an 
active slave is not addressed, it may sleep until the new master transmission begins. All 
Active slaves maintain an active member address. 

• Sniff In this mode the slave listens to the master less frequently than on the active state. 
The slave in the Sniff mode is still an active member of the piconet and maintains its 
active member address. 

• 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. This 
mode is more helpful in forming daisy-chained scatternet for telemetry applications. 

• 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. 

 
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. For distances spanning more then 100 meters, a daisy-chained scatternet can be formed 
[3].  
 

Network Structure 
In telemetry applications, such as measuring vibrations at different points along a highway 
bridge, different types of Bluetooth based network structures are feasible. The simplest structure 
feasible would be the linear daisy chain scatternet. Figure 4 illustrates a linear daisy-chained 
scatternet. 
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Figure 4. Linear Daisy-Chained Scatternet 
 
As shown in figure 4, the data is transmitted from the source unit (Master 4) to the destination 
unit (slave 1) in a linear pattern. All the sensors connected to the Bluetooth unit are generating 
data at a fixed data rate. The network is arranged in a chain of alternating master and slave units. 
Initially all the masters establish an active connection link with the adjacent slave in the direction 
of data transfer. After the data transfer from master to slave, the existing slave goes into a hold 
state for that master and activates its connection with another master down the link. The slave 
remains in hold mode for the previous master till all the data packets are transferred to the 
adjacent master down the link. This process repeats and data gets transferred down the chain in 
this pattern. A major disadvantage for a linear daisy-chained scatternet is when one of the nodes 
fails, resulting in network breakdown. This can be prevented by providing an additional slave in 
park mode as redundant unit. In cases of failure, this unit can be brought into active state and 



thus the network connection can still be maintained. Figure 5 illustrates a linear daisy-chained 
scatternet with backup slaves in parked mode. 
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Figure 5. Linear Daisy-Chained Network with Redundant slaves in Parked Mode 

 
The above structure again has the same problem of network failure when one of the master units 
breaks down. This can be resolved by arranging a more complex layout of master slave 
arrangement. One way would be providing a lattice structure so that incase of failure the nodes 
can still be able to interconnect with each other to pass on the data from one end to another. 
Figure 6 illustrates lattice structure of Bluetooth network. 
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Figure 6. Lattice Structure Network Layout 
 

The lattice network layout is a parallel arrangement of two linear daisy-chained networks, with 
master-slave connection possible between the two linear chains of units. This layout protects 
against single point failures, however it needs a more complex algorithm for data transfer. An 
addition of nodes into a piconet also degrades the network performance. 
 

Network Analysis 
For simplicity we will consider a simple linear daisy-chained scatternet layout as shown in 
Figure 4. During the initial stage, all the masters transmit data into the adjacent slaves. Master 4 
connects to Slave 3, and Master 2 connects to Slave 1. The destination node (Slave 1) is in turn 
connected to a data collection node, which can be a central data collection hub. We assume that 
all the sensors connected to the Bluetooth unit are generating data at the same rate. During the 
start of the transmission all the nodes has a single packet to be transmitted. We calculated the 
latency of the network and its effect on the sensor-sampling rate. We denote notations M4P1 as 
Master 4 packet one, S3P1 as Slave 3 packet 1 and so on. Figure 7 shows the packet transfer for 
each of the slots. E refers to even slot and O refers to odd slot. 

 



M4

1O

2E

3O

4E

5O

6E

7O

8E

9O

S3

O

E

O

E

O

E

O

E

O

M2

O

E

O

E

O

E

O

E

O

S1

O

E

O

E

O

E

O

E

O

M4P1

ACK

M2P1

ACK

HOLD HOLD

M4

1O

2E

3O

4E

5O

6E

7O

8E

9O

S3

O

E

O

E

O

E

O

E

O

M2

O

E

O

E

O

E

O

E

O

S1

O

E

O

E

O

E

O

E

O

M4P1

ACK

M2P1

ACK

HOLD HOLD

Figure 7. Data Transfer Between Master and Adjacent Slaves 
 
As we see from the figure initially all the masters pass on their first packet to the adjacent  
slave. After successful data transfer, the master puts the adjacent slave into hold mode, so that 
the slave can start initiating a new connection with the next master down the line. A  
Bluetooth system takes six time slots of overhead for passing into the hold mode. We observe 
that the initial master to slave data transfer for the first packet takes eight time slots.  Figure 8 
shows transfer of M4P1 from Slave 3 to Master 2. Interaction between Slave 3 and Master 2 
starts with two-time slot of synchronizing process, which is required to adjust the clock offset 
and other signaling parameters. Master 2 then polls Slave 3 and the connection is established. 
Slave 3 then transfers both the packets M4P1 and S3P1. Master 2 passes Slave 3 into the hold 
mode. It takes 13 time slots for two packets to be transmitted from a slave to a master. Slave 3 
goes into hold mode and Master 2 Initiates connection with the next adjacent Slave 1. 
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Figure 8. Slave to Master data transfer 
 

 
 
 



Figure 9 shows the final data transfer between Master 2 and Slave1. 
                           
  
 
                                

Figure 9. Master 2 to Slave 1 Data Transfer 
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From figure 9 we see that it takes 13 time slots for the data to be transferred from Master 2 to 
Slave 1. For all the packets from four nodes to be transferred from the first master to the 
destination unit requires up to 35 timeslots. Each master or slave uses 13 slots to accommodate 
polling, synchronization, data transfer and acknowledgement. The bandwidth for each hop is 
calculated as follows 
 
Bandwidth for single hop = Bluetooth maximum bandwidth / master (slave) hop timeslot. 
         =  1MHz / 13 timeslots 
                       =  76.9 kbps 
 
So the throughput is 7.7% of the maximum data rate supported by Bluetooth system between two 
devices. The degradation of bandwidth is due to the scheduling activity needed for master and 
slave to communicate in a scatternet. 
 
The propagation delay is the time taken for a data packet to traverse from the source to the 
destination node. In our application each of the node is generating data at a particular sensor-
sampling rate.  We need to calculate the propagation delay between the two farthest nodes in the 
telemetry chain. For analysis, let N be the number of nodes in the chain. So the propagation 
delay is calculated as 
 

Tprop  =  9 [slots] + (N-2)*13 [slots]. 
 
Now each timeslot is equal to 625 µsec. So we can calculate the total time delay in seconds. For 
N = 4, we have 
 

Tpropagation = 35 slots 
  =  21.8 msec 



 
Now in this application, we assume that new packets are generated after all the packets have 
been transferred to the last node. The sensor sampling time would be inversely proportional to 
the propagation delay.  
 

Sensor Sampling Rate = 1/Tprop 
 
As the length of the telemetry network increases, the propagation delay increases and hence the 
sensor-sampling rate decreases. This method would be more convenient if the length of the 
telemetry network is of nominal range. One method for increasing the sampling rate would be to 
add buffer memory in each of the nodes to store the additional data that is been generated and 
transfer them down the link. However as the length of the telemetry network chain increases, the 
node buffer size would increase proportionally. For applications such as measuring vibrations 
along a highway bridge, where we do not expect the sampling rate to be too high, we can use 
Bluetooth based telemetry nodes for data collection. 
 

Conclusion 
This paper supports the usage of Bluetooth networking for telemetry applications. The Bluetooth 
networking feature of scatternet can be used to form a long daisy chain network. Thus the 
analysis concludes that we can use Bluetooth networking for data transfers for applications 
requiring slower data rate. The propagation delay increases for applications requiring longer 
length of the chain, correspondingly the sampling rate decreases proportionally. The sampling 
rate can be improved by addition of buffer memory in each of the Bluetooth nodes, however this 
leads to additional cost and brings about more complexity in data management. These limitations 
motivate research to increase the robustness of Bluetooth networking protocols and thus provide 
more efficient packet transfer. 
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ABSTRACT 
 
Digital signal processing has inexorably been woven into the fabric of every function performed in a 
modern radio communication system. In the rush to the marketplace, we have fielded many DSP 
designs based on analog prototype solutions containing legacy compromises appropriate for the 
technology of a time past. As we design the next generation radio we pause to examine and review 
past solutions to past radio problems. In this review we discover a number of DSP design methods 
and perspectives that lead to cost and performance advantages for use in the next generation radio.   
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INTRODUCTION 
 

Digital signal processing (DSP) permeates every aspect of a modern communication radio, 
participating in every function required for the communication task. We trace this rapid assimilation 
to the confluence of many enabling technologies and various market forces. These include the 
availability of low cost, low power, small size arithmetic processing units, of high performance 
analog-to-digital and digital-to-analog converters, of efficient signal processing algorithms, of 
mature tools, of a DSP literate academic and industrial community, and to broad acceptance and 
societal integration by business and non-commercial consumers.  
 
DSP first found foothold in digital radio receivers as back-end base-band processing following 
traditional analog receiver front end processing and down conversion. The DSP insertion point in a 
receiver signal flow path is controlled by the required sample rate of the ADC and the computational 
rate of processing engines. As technology development improved bit precision and sample rate of 
the ADC as well as the computational rate of the processing engines, the analog-to-digital interface 
migrated toward the antenna in the radio signal-processing path. Many DSP based radios receivers 
now perform the functions of the final IF stage in the sampled data domain rather than in the 
continuous analog domain. Conversions at 200 MHz sample rates with 12-bit precision or at 1 MHz 
sample rates with 16-bit precision are common in current consumer products.  
 



In the headlong rush to the marketplace, the industry has fielded a number of sub optimum DSP 
based designs, many modeled after analog prototype radio designs. It is common practice for a 
designer to transfer an existing analog design to a DSP based design. In general, when we model the 
digital design as a replicate of an analog prototype we inherit legacy solutions embedded in the 
analog prototype solution that may contain compromises valid for an analog solution, but not 
necessary for a DSP based solution. The important problem is that by limiting the design 
perspectives to an analog viewpoint we may inadvertently discard valid and important DSP based 
solutions for which there are not analog counterparts. 
 

A SHORT HISTORY OF ANALOG RADIO ARCHITECTURES 
 
We now look back to the early days of radio receivers and follow the evolution of radio architectures 
to better understand why a radio looks the way it does. When we understand the reasoning behind 
structures in the analog system we will be better able to question their applicability in the digital 
system. This section is enlightening as well as fun.  
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Figure 1. Early Simple Radio Receivers, Crystal and Regenerative. 

  
Figure 1 illustrates two forms of early radio receivers. The first contains a tuned antennae and a 
diode detector, used to receive radiotelegraphy Morse code. We seem to have completed the circle as 
we retire analog modulation schemes in favor of discrete schemes. In 1907 Lee De Forest inserted a 
control grid in John Fleming’s radio frequency valve enabling RF amplifiers and power gain. The 
advent of the triode vacuum tube heralded the age of electronics with radio communications riding 
the first of its many crests. Improved radio receiver architectures quickly followed the introduction 
of the triode. Edward Armstrong casting a long shadow in the early days of radio that persist to this 
day invented the first major electronic receiver architecture, the regenerative receiver also shown in 
figure 1. By feedback of RF energy from the triode output port to its input port, the tube operated at 
the edge of oscillation thereby achieving extremely large RF gain. Adjustment of his feedback 
“tickler circuit” was sensitive and critical to circuit operation and the adjustment, initially performed 
manually, was eventually performed automatically in a variant called a super-regenerative receiver. 
Regenerative receivers, sold through the 1920’s, had an annoying tendency to spontaneously break 
into oscillation and to exhibit shifts in station frequency settings due to variations in tube parameters 
related to tube aging and tube replacement. 
 
The next major receiver architecture replaced the single high gain regenerative stage with several 
low gain non-regenerative stages. This system shown in figure 2, called a tuned RF or TRF, 
separately tuned the inductor or capacitor of each stage in the cascade to the desired frequency band. 
The many knobs of a TRF receiver made the task of tuning to a different frequency band a slow 
tedious process similar to negotiating a maze in the dark. The TRF could still break into oscillation 



due to the tuning of the amplifier chain over a wide frequency range. The conditions for oscillation 
would most assuredly be satisfied at some frequency in the tuning range of the multiple stages due to 
the interaction of the parasitic couplings between the stages and the tuned frequency dependent 
gains. Variants of the TRF receiver were successfully sold into the early 1930s. 
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Figure 2. Simple Model of Tuned RF Receiver 

Armstrong is once again responsible for the next major innovation in receiver architecture, the Super 
Heterodyne Receiver. Based on earlier work conducted during World War I, Armstrong described 
the super heterodyne receiver in “A New System of Short Wave Amplification” published in the 9-
February 1921 issue of the Proceedings of the Institute of Radio Engineers (IRE). In this receiver, 
rather than move a tunable filter to the signal frequency of interest, a mixing process moved the 
desired signal frequency to a fixed filter residing at a judiciously chosen intermediate frequency. 
This structure is shown in figure 3. The need for more efficient use of transmitter power and of 
channel bandwidth brought forth a class of analog and digital modulation schemes with suppressed 
carrier modulation with quadrature signal components. With a suppressed carrier, the envelope 
detector can no longer perform the tasks of the final conversion and is replaced by a quadrature 
down converter. 
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             Figure 3. Simple Model of a Super Heterodyne Receiver. 

To successfully demodulate this class of signals, the receiver must first synthesize a frequency and 
phase-aligned copy of the carrier. This process called carrier recovery uses pilot signals or non-linear 
operators on the quadrature signal components to guide a phase-locked loop to the correct frequency 
and phase. This modification of the final conversion process is shown in figure 4.   
 
To prevent cross talk between quadrature components, the gain and phase imbalance in the signal 
paths of the quadrature components must be controlled to acceptable levels. In general, analog 
systems can only support gain and phase matches to 1-part-in-100, which leads to cross talk terms on 
the order of  –40 dB. Tighter matching requirements can only be met with active balancing schemes 
or with DSP based processing techniques. With the advent of enabling technologies of DSP, much of 
the baseband processing was transferred to the sampled data domain. This was the entry point for 
DSP insertion in the receiver chain. The modification required for this change is shown in figure 5. 
Here, the added components are the ADCs, a sampling clock, and the DSP processor as well as the 
transfer to the DSP domain of the carrier recovery loop and the new timing recovery loop. 
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Figure 4. Simple Model of Super Heterodyne Receiver with Final Stage Quadrature Down Converter  
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Figure 5. Super Heterodyne Receiver: Analog I-Q Down Converter and Digital Base Band Processor 

The problems of gain and phase imbalance along the quadrature paths of the modern receiver still 
persists in the DSP post processing version of the quadrature receiver. The computational 
capabilities of the processor enables the probing, resolving, and balancing of the gain and phase 
imbalances by DSP algorithms as part of the base band processing. An alternative to using DSP to 
resolve and correct the gain and phase imbalance of the quadrature paths is to use DSP to avoid the 
analog imbalance by replacing the analog processing functions with equivalent digital functions. We 
accomplish this by moving the ADC forward in the processing chain, and performing the analog-to-
digital conversion at the output of the IF filter. This option is shown in figure 6. Note that by sliding 
the ADC forward in the processing chain, the quadrature oscillator signals required for the down-
conversion process is now implemented digitally as a direct digital synthesizer (DDS). Also note the 
interchange in the order of down conversion and sampling.  
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Figure 6. Super Heterodyne Receiver: Digital I-Q Down Converter and Base Band Processor 
 



In a first scenario, the sample rate at the ADC can be selected to satisfy the Nyquist criterion for the 
highest frequency of the input signal. For this case the digital down converter can heterodyne the IF 
centered signal to baseband where it is filtered and then resampled to the Nyquist rate and then 
passed on for additional processing.  In a second scenario, the sample rate can be selected to satisfy 
the Nyquist criterion for the signal bandwidth of the IF filter, a sample rate that violates the Nyquist 
criterion for the center frequency but not for the bandwidth. This option called IF-sampling, uses 
aliasing to translate the IF center frequency to a non-overlapped baseband frequency location, often 
the quarter sample rate. The center frequency of the aliased band is digitally down converted, filtered 
and resampled as in the first option. 

 
DIGITAL RADIO ARCHITECTURES 

 
The digital signal processing in a DSP radio can occur at two insertion points shown in figures 5 and 
figure 6. The choice of the two options reflects system considerations such as available signal 
bandwidth and hardware speed. We discuss the IF sampling option and show, that by proper 
reordering of the processing steps, the two options are interchangeable.  
 
The block diagram of a digital down converter is shown in the left segment of figure 7. This 
structure performs the standard operations of spectral translation or down conversion of the selected 
center frequency with a complex heterodyne, low-pass filtering to reduce bandwidth to the signal 
bandwidth, and down sampling to a reduced sample rate commensurate with the reduced bandwidth. 
The three resources of the building block are translation, filtering, and resampling, the first two 
reflect the Armstrong model of the process while the last item reflects the Nyquist criterion. It is the 
resampling operator that presents the opportunity to invoke architectures unique to the DSP 
implementation. The expression for y(n), the down converted and filtered time series prior to 
resampling, is a simple convolution as shown in eq-1.         
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Figure 7. Digital Down Converter; Complex Heterodyne, Filter, Resample 
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We can rearrange the summation of eq-1 to obtain a related summation reflecting the equivalency 
theorem. The equivalency theorem effectively says that we can down convert and then filter or filter 
and then down convert. The block diagram demonstrating this relationship is shown in the right 
segment of figure 7, while the rearranged version of eq-1 is shown in eq-2. Note here, that the up-
converted filter, h(n) exp(jθ0n), is complex and as such its spectrum resides only on the positive 
frequency axis without a negative frequency image. This is not a common structure for an analog 
prototype because of the difficulty of forming a pair of analog quadrature filters exhibiting a 90-
degree phase difference. The closest equivalent structure in the analog world is the filter pair used in 
image-reject mixers. There is little sense in applying the equivalency theorem to an analog prototype 



since doing so doubles the required hardware. We have to replace a complex scalar heterodyne (real 
input mixers) and a pair of low-pass filters with a pair of band-pass filters, containing twice the 
number of reactive components, and a full complex heterodyne (complex output mixers). If it makes 
no sense to use this relationship in the analog domain, why does it make sense in the digital world? 
Two reasons! The first is that a digital filter is defined by a set of weights stored in coefficient 
memory. We incur no cost in replacing the pair of low pass filters h(n) required in the first option 
with the pair of band pass filters h(n) cos(nθ0) and h(n) sin(nθ0) required for the second option. We 
accomplish this task by a simple download to the coefficient memory. 
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Figure 8. Equivalent Digital Down Converter: Band Pass Filter, Complex Heterodyne, Resample 
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There is still the matter of the complex heterodyne required to down convert at the filter output 
rather than at the filter input. Examining figure 7, we note that following the output down 
conversion, we perform a sample rate reduction by retaining one in every M-samples. There is no 
need to down convert the samples we discard in the down sample operation so we down sample only 
the retained samples. This is shown in the left side of figure 8 where we note that when we slide the 
down converter through the resampler, we are also resampling the complex sinusoid. The rotation 
rate of the sampled complex sinusoid is θ0 and Mθ0 radians per sample at the input and output 
respectively of the M-to-1 resampler. This is an aliasing effect, a sinusoid at one frequency or phase 
slope, appears at another phase slope when resampled. We now impose a constraint on the sampled 
data center frequency of the down converted channel. We choose center frequencies θ0 which will 
alias to zero frequency (DC) as a result of the down sampling to Mθ0. This condition is assured if 
Mθ0 is congruent to 2π, i.e. when Mθ0 = k 2π, or specifically, when θ0 = k 2π/M. The constraint, 
that the center frequency be an integer multiple of the output sample rate assures aliasing to base 
band by the sample rate change. When the signal spectrum aliases to base band by the resampling 
operation the resampled heterodyne defaults to a unity-valued scalar, hence is removed from the 
signal-processing path. This is shown on the right side of figure 8. Frequency offsets of the channel 
center frequencies, due to oscillator drift or Doppler effects, are removed after the down conversion 
by a baseband phase locked loop (PLL) controlled mixer. This baseband mixer operates at the output 
sample rate rather than at the input sample rate for a conventional down converter. We consider this 
required final mixing operation a post conversion task and allocate it to the next processing block. 
 
The operations invoked by applying the equivalency theorem to the down conversion process guided 
us to the following sequence of maneuvers: i) slide the input heterodyne through the low pass filters 
to their outputs, ii) doing so converts the low pass filters to a complex band pass filter, iii) slide the 
output heterodyne to the downside of the down sampler, iv) doing so aliases the center frequency of 
the oscillator, v) restrict the center frequency of the band pass to be a multiple of the output sample 



rate, vi) doing so assures alias of the selected pass band to base band by the resampling operation, 
and finally, vii) discard the now unnecessary heterodyne. The spectral effect of these operations is 
shown in figure 9. The advantage of this down conversion process is that we no longer require a 
quadrature oscillator nor the pair of input mixers to effect the frequency translation.  
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Figure 9. Spectral Description of Down Conversion Realized by a Complex Band Pass Filter at a 
Multiple of Output Sample Rate, Aliased by Output Resampling 

 
Examining figure 8, we note that the down converter now consists of a band pass filter followed by a 
down sampling to affect the desired spectral alias. Following the theme that led us to down-convert 
only those samples retained by the down sampler, we similarly conclude that there is no need to 
compute the output samples from the pass band filter that will be discarded by the down sampler. 
We now interchange the operations of filter and down sample with the operations of down sample 
and filter. The process that accomplishes this interchange is known as the Noble Identity, which we 
now review. The noble identity is compactly presented in figure 10 which we describe with similar 
conciseness by  “The output from a filter H(ZM) followed by an M-to-1 down sampler is identical to 
an M-to-1 down sampler followed by the filter H(Z)”. We must take care to properly interpret the 
operation of the M-to-1 down sampler. The interpretation is that if a filter is only processing every 
M-th input sample and then down samples by M-to-1, we obtain the same results by down sampling 
the input, discarding the samples not used by the filter, and then operating the filter on the every 
retained input sample. The application of the noble identity to our down conversion task entails an 
initial partition of the filter into M-parallel filter paths. The Z-transform description of this partition 
is presented in eq-3 through eq-6, which we interpret in figures 11 through 13. For ease of notation, 
we first examine the base-band version of the noble identity and then trivially extend it to the pass 
band version 
 

            
H(Z   ) H(Z )M

M-to-1 M-to-1

x(n) x(n)y(n) y(nM) y(nM)  
 

Figure 10. Noble Identity: Filter: Interchange Order of Filtering and Resampling.  
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Anticipating the M-to-1 resampling, we partition the sum shown in eq-3 to a sum of sums as shown 
in eq-4. This partition maps a one-dimensional array of weights (and index markers Z-n) to a two 
dimensional array. In this mapping we load an array by columns but process the array by rows. In 
our example, the partition forms columns of length M containing M successive terms in the original 
sum, and continues to form adjacent M-length columns till we account for all the elements of the 
original one-dimensional array.  
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We note that the first row of the two dimensional array is a polynomial in ZM, which we will denote 
H0(ZM) a notation to be interpreted as an addressing scheme to start at index 0 and increment in 
stride of length M. The second row of the same array, while not a polynomial in ZM, is made into 
one by factoring the common Z-1 term and then identify this row as Z-1 H1(ZM). It is easy to see that 
each row of eq-4 can be described as Z-r Hr(ZM) so that eq-4 can be re-written in a compact form as 
shown in eq-5. 
 
               )()()()()( )1(

)1(
2

2
1

1
0

M
M

MMMM ZHZZHZZHZZHZH −
−−−− ++++= LL        (5) 

We rewrite eq-5 in the traditional summation form as shown in eq-6, which describes the original 
polynomial as a sum of delayed polynomials in ZM. 
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The block diagram reflecting this M-path partition of a resampled digital filter is shown in the left 
portion of figure 11. The output of the filter is the resampled sum of the output of the M separate 
filter stages of the M-paths. We pull the resampler through the output summation element and down 
sample the separate outputs, only performing the output sum for the retained output sample points. 
With the resamplers at the output of each filter, operating on every M-th input sample, we can 
invoke the noble identity and pull the resampler to the input side of each filter stage. This is shown 
in the right portion of figure 11. The input resamplers operate synchronously, all closing at the same 
clock cycle. When the switches close, the signal delivered to the filter on the top path is the current 
input sample. The signal delivered to the filter one path down is the content of the one stage delay 
line, which of course is the previous input sample. Similarly, as we traverse the successive paths of 
the M-path partition, we find upon switch closure, that the k-th path receives a data sample delivered 
k-samples ago. We conclude that the interaction of the delay lines in each path with the set of 
synchronous switches can be likened to an input commutator that delivers successive samples to 
successive legs of the M-path filter. This interpretation is shown in left portion of figure 12. 
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Figure 11. M-Path Partition of Prototype Low-Pass Filter with Resampler at Output and at Input  

We now complete the final steps of the transform that changes a standard mixer down converter to a 
resampling M-Path down converter. We note and apply the modulation property of the Z-Transform. 
This property is illustrated and stated in eq-7.  
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Interpreting the relationship presented in eq-7, we note that if h(n), the impulse response of a base 
band filter, has a Z-transform H(Z), then the sequence h(n)e+jθn, the impulse response of a pass band 
filter, has a Z-transform H(Z e-jθn). Simply stated, we can convert a low pass filter to a band pass 
filter by associating the complex heterodyne terms of the modulation process either with the filter 
weights or with the delay elements storing the filter weights. We now apply this relationship to eq-6, 
or equivalently to figure 10 by replacing each Z-1 with Z-1 ejθ, with the phase term θ satisfying the 
congruency constraint of the previous section, that θ=k(2π/M). Thus Z-1 is replaced with Z-1 ejk(2π/M), 
and Z-M is replaced with Z-M ejkM(2π/M). By design, the M-th multiple of 2π/M is a multiple of 2π for 
which the complex phase rotator term defaults to unity, or in our interpretation, aliases to base band 
(DC). The default to unity of the complex phase rotator occurs in each filter arm of the M-path filter 
shown in figure 12. The non-default complex phase angles are attached to the delay elements on 
each of the M paths. For these delays, the terms Z-r are replaced by the terms Z-r ejkr(2π/M). The 
complex scalar ejkr(2π/M) attached to each path of the M-path filter can be placed anywhere along the 
path, and in anticipation of the next step, we place the complex scalar after the down sampled filter 
segments Hr(Z). This is shown in figure 12 where the phase coherent sum extracts the desired alias 
from the multiple aliases that occurred as the input commuator reduced the sample rate prior to 
reducing the input signal bandwidth. The modification to the partitioned Z-Transform in eq-6 to 
reflect the added phase rotators of figure 12 is shown in eq-8. 
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Figure 12.  Resampling M-Path Low Pass Filter and Band Pass Down Converter 
 
The computation of the time series obtained from the output summation in figure 12 is shown in eq-
9. Here the argument nM reflects the down sampling operation which increments through the time 
index in stride of length M, delivering every M-th sample of the series. The variable yr(nM) is the 
nM-th sample from the filter segment in the r-th path, and y(nM,k) is the nM-th time sample of the 
time series from the k-th center frequency. Remember that the down converted center frequencies 
located at integer multiples of the output sample frequency are the frequencies that alias to zero 
frequency under the resampling operation. Note the output y(nM,k) is computed as a phase coherent 
summation of the M output series yr(nM). This phase coherent sum is in fact, a DFT of the M-path 
outputs, which can be likened to beam-forming the output of the path filters.  
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CONCLUSIONS 

In this paper, the first half of a pair of papers, we have significantly altered the digital emulation of 
the analog prototype down converter.  The original entailed a sequence in which the center 
frequency is selected and accessed by an input heterodyne, a digital filter restricts the output 
bandwidth, and the output is resampled to a rate matching the reduced bandwidth. The altered form 
appears to operate in the reverse order in which the input sequence is first resampled (by a 
commutator feeding a polyphase filter partition), then processed by the partitioned filter, and finally 
the desired alias is separated from others by the appropriate phase coherent summation of the 
individual M-path time series. 
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ABSTRACT 
 
A DSP modem is often designed as a set of processing blocks that replace the corresponding blocks 
of an analog prototype. Such a design is sub-optimal, inheriting legacy compromises made in the 
analog design while discarding important design options unique to the DSP domain.  In part I of this 
two part paper, we used multirate processing to transform a digital down converter from an emula-
tion of the standard analog architecture to a DSP based solution that reversed the order of frequency 
selection, filtering, and resampling. We continue this tack of embedding traditional processing tasks 
into multirate DSP solutions that perform multiple simultaneous processing tasks. 
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INTRODUCTION 
 

Digital signal processing (DSP) is often taught by emphasizing the similarity between the operations 
performed in the continuous analog and the discrete sampled data domains. Convolution, spectral 
analysis, transfer functions, and pole-zero patterns are common to both domains. Consequently it is a 
natural progression for a designer to transfer an existing analog design to a DSP based design. For 
instance, if a prototype radio receiver’s final IF stage quadrature down converts with a pair of mixers 
and analog Butterworth low-pass filters, the digital version mimics it and also quadrature down con-
verts with a pair of multipliers and discrete Butterworth filters. The design often works, but is likely 
a poor use of the new technology. We note the obvious: that when DSP replaces, block-by-block, the 
elements of an analog prototype the resulting system is an emulation of the analog solution, rather 
than the hoped for enhanced replacement of that radio. Also note that the Butterworth filter may 
have been the best analog filter in the analog processing chain but may not be the best filter at the 
corresponding position in the digital processing chain. Perhaps a linear phase FIR filter may offer 
improved performance over the Butterworth filter! We must keep in mind those digital designs that 
mimic analog prototypes inherit legacy solutions embedded in the analog prototype solution that 
may contain compromises valid for an analog solution, but not necessary for a DSP based solution. 
More importantly, by limiting the design perspectives to an analog viewpoint we discard important 
DSP based solutions for which there are not analog counterparts. 



 
As hardware capabilities permitted, the DSP insertion point in a receiver signal flow path has stead-
ily migrated toward the antenna in the radio signal-processing path. A consequence of this migration 
is that DSP now performs nearly the entire back end processing tasks in modern receivers. Digital 
processing replaces the analog quadrature down conversion, the base-band filtering, and the sample 
rate selection for post base-band processing. In part I of this paper we converted the standard analog 
down-conversion process to a multirate digital process that reversed the order of the prototype proc-
essing steps. In the multirate variant, spectral translation occurs by aliasing the desired spectral re-
gion to baseband via a resampling operation rather than by a conventional complex heterodyne. 
Since the resampling operation occurs prior to bandwidth reduction, the resampling operation aliases 
numerous spectral bands to baseband. These frequency bands are centered at kfs/M, integer multi-
ples of the output sample rate fs/M. The M-path filter supplied by the input commutator aligns the M 
separate output time series to a common time reference. The multiple aliases in each of the M-paths 
exhibit unique phase profiles across the M-paths, and the phase rotators following the M-path filters 
phase align the desired alias to extract it from the set of aliases. The phase aligned signal in each 
path coherently summed, while the remaining aliases, with phases distributed on the M-roots of 
unity are cancelled in the same sum by destructive cancellation.   
 
 The M-path resampling filter can cooperate and participate in other signal processing and signal 
conditioning tasks required in the radio receiver. We examine a number of these processing tasks 
and demonstrate a number of architectures that employ the multi-function multi-rate filter. These 
tasks include spectral translation, bandwidth limiting, and resampling for single and multiple chan-
nels, matched filtering, time offset discriminator and timing recovery. 
 
 

THE CORE OF MODERN DIGITAL RADIO ARCHITECTURES 
 
The core operation performed in a DSP based radio receiver is the down conversion and filtering of 
the desired narrowband channel present at the output of the IF filter. Figure 1 is a simple block dia-
gram of the digital version of the analog prototype. The replacement of the complex down converter, 
filter pair, and M-to-1 down sampler with the multirate resampling related alias translation is shown 
in figure 2. Doppler offsets and local carrier offsets are removed from the complex baseband signal  
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Figure 1. Digital Down Converter: Mimicking Analog Prototype Down Converter 



at the output of the multirate filter. There are significant advantages to performing phase locking on 
down converted signal rather than by controlling the down conversion process as shown in figure 1. 
The primary advantage is that the transport delay of the baseband low pass filter in no longer in the 
control loop, hence the loop can be operated with faster response time.   
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Figure 2. Digital Down Converter: Resampling Alias Based Down Converter 
 

A number of additional advantages accrue to the M-path partitioned down converter. The first is that 
the stages operate at the reduced output rate rather than the higher input sample rate. The second is 
that the selection of center frequency is performed after the filter rather than before the filter. Conse-
quently, the data entering the M-filter stages is real and does not become complex till the data leaves 
the filter and interacts with the complex phase rotators. A third advantage is that since the phase 
rotators can extract any of the M-frequency bands that alias to baseband as a result of the re-
sampling, it can extract all of the bands. As shown in part I of this paper, the phase coherent sum 
formed as the phase rotated stage outputs, is identical to the discrete Fourier transform (DFT) of the 
path outputs. Thus when a DFT or its computationally efficient cousin the FFT processes the path 
outputs, the down converter will present outputs from the full set of aliased frequencies. The 
combination of the M-stage filter and the FFT implements a very efficient channelizer of the 
spectrum delivered by the IF filter. Two other functions we can have the M-path resampling filter 
perform are arbitrary resampling between input and output sample rates for single or multiple 
channels, and timing recovery for single channel down converters. Bare in mind that the M-path 
filter can also be used as a strictly baseband filter performing the filtering and resampling operation 
following a conventional complex heterodyne to baseband as shown in figure 1. In this mode, the 
filter can still be used in the timing recovery task with the advantage of this mode being a reduction 
in hardware required to accomplish the filtering task. 
 

DIGITAL DOWN CONVERTER EXAMPLE 
 

We now introduce a practical example of a digital down converter to more clearly demonstrate the 
advantages of the M-path processing option. We consider processing a signal containing 50 FDM 
channels QAM modulated with 50 % excess bandwidth square-root Nyquist spectra at symbol rate 
of 128 kHz and separated by 192 kHz center frequencies. The spectrum of this signal set is shown in 
figure 3. We will examine various options related to demodulating a single channel from this signal 



set as well as a number of options related to demodulating the full set of channels.  The two-sided 
bandwidth of this composite signal is 50*192 kHz or 9.60 MHz. The sample rate must be greater 
than the signal bandwidth to accommodate the transition bandwidth of the IF filter. In anticipation of 
using a 64-point FFT to process multiple-channels the sample rate is selected to be 64*192 KHz or 
12.288 MHz. In order to use real sampling of the IF center frequency, the input sample rate must be 
doubled to 2*12.288 MHz or 24.576 MHz. .   
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Figure 3. Spectrum of 50-Channel FDM Signal Set 

It is desirable to place the center frequency of the signal bandwidth at the quarter-sample rate. We 
can accomplish this by choosing the IF center frequency to be K±1/4 times the desired sample rate 
for some K. We choose K to be 1 and find one choice of the IF center frequency to be (5/4)*24.576 
MHz or 30.720 MHz. We perform IF sampling, and by sampling the signal centered at the IF fre-
quency (5/4) fs, at a sample rate of fs, the center frequency aliases to (1/4) fs. The frequencies in-
volved in this IF sampling operation are shown in figure 4. Notice that the IF sampling is performed 
by a single ADC by which we avoid the problem of balancing gain and phase in the two paths of an 
analog quadrature down converter, 
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Figure 4. Spectra at Input and Output of ADC 

We can now apply a number of different processing options to the sampled IF data to extract, at 
twice the symbol rate, samples of the complex envelope of a single channel selected from the 50 
FDM channels. The first option is a straight digital quadrature down conversion by a pair of multi-
pliers, filtering to the required bandwidth, and down sampling to the required sample rate. This op-
tion is shown in figure 5. The length of the FIR filter h(n), required to obtain a 96 kHz transition 
bandwidth and –72-dB out-of-band attenuation is 960 taps. The output of this filter is down sampled 
96:1 to convert input sample rate of 24.576 MHz to output sample rate of 256 kHz. Note that the fil-
ter performs 960 ops/output but generates 1 output per 96 inputs for a workload of 10 ops/input. We 
hold in reserve the option to apply the noble identity to the two filters and perform the down sam-
pling prior to the filter to more easily see the 96-path filter requiring 10 ops/path. 
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Figure 5. Conventional Complex Heterodyne of Sampled IF Data 

An alternate architecture applies a Hilbert transform to the output of the IF sampled data to suppress 
the negative frequency spectral region and in doing so convert the real input data to complex output 
data. The rejection of the negative frequency reduces the bandwidth by a factor of two hence permits 
the reduction in output sample rate by the same factor. The Hilbert transform filter is a half band fil-
ter with alternate samples equal to zero, which permits the 2-to-1 resamplers to be pulled through the 
filter and be replaced with an input commutator.  The two filters following the complex heterodyne 
are each half their former length due to the 2-to-1 reduction in sample rate and operate here at half 
the previous rate. Here again the filters operate at 10 ops/input but with an input rate reduced by a 
factor 2. The noble identity can of course also be applied here. This option is shown in figure 6.  
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Figure 6. Hilbert Transform Preprocess and Resample of IF Data Prior to Complex Heterodyne 

Returning to the architecture shown in figure 5, we can reorder the cascade of complex heterodyne 
and filter to reflect the equivalency theorem. Here we move the heterodyne into and through the fil-
ter, but also continue to move the down converter through the down sampler. By selecting the center 
frequency of the channels to be multiples of the output sample rate, the channels alias to DC under 
the resampling operation. The problem here is that the center frequencies, k 192 kHz, which corre-
sponds to digital frequency of k*2π/128 radians per sample, are not multiples of the output sample 
rate, 256 kHz. Hence when we down sample by 96 the selected center frequency is not at DC but 
rather at k*2π*96/128 or k*2π*3/4 a residual rotation that must be removed by an output hetero-
dyne. For this example, the rotation is simply powers of “j”, a trivial operator. The configuration of 
this option is shown in figure 7. Note here, the input heterodyne is applied to the filter coefficients as 
an off line frequency selection rather than to the input data as an on line operation and that the output 
heterodyne applied on line occurs at the output rate and is, for this example, trivial.  
 



        

ADC

LO

IF h(n)

h(n )

128
Cos(         )

128
2π Sin(         )

96:1

96:1fs= 24.576 MHz

fs= 256 kHz

960 taps

960 taps

BASE
BAND
PROC

4
3

2π e  
 

Figure 7. Digital Down Converter as Down Sampled Band Centered Complex Filter 

We now invoke the noble identity and pull the 96-to1 down samplers through the complex band-pass 
filter. This structure is shown in figure 8 where the M-path partition of the cosine and sine hetero-
dyned weights are indicated as hr(n) and gr(n) respectively. The M-path filters contain 96 ten tap sub 
filters, each progressively accessed with successive inputs. Since only one filter path is accessed per 
input point, we can replace the 96 filters with one (dual geometry) filter stage and a pointer that ac-
cesses from memory the successive stage weights with consecutive inputs. This version of the archi-
tecture is shown in figure 9. One output is generated per 96 input points with a workload of 10 
ops/input on each of the in-phase and quadrature filter paths.    
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Figure 8. Digital Down Converter as M-Path Partition of Band Centered Complex Filter 

Note that in the various arrangements of the filter presented in figures 7, 8 and 9 the weights are 
complex, and that the data presented to it is real and sampled at 24.576 MHz. We also note that the 
Hilbert transform pre-processing shown in figure 6 converts the input data to complex data and re-
duces the sample rate by half to 12.288 MHz. At this reduced rate the filter is half its previous length 
and operates at half its previous rate, both desirable features. We might be tempted to combine the 
Hilbert transform preprocess with the heterodyned filtered sets to take advantage of both reduced 
data rate and translated filter weights. The problem with this notion is that now both the data and the 
filter weights are complex, and the convolution of complex data with complex weights entails the 
operation of four filters rather than two filters for the real data with complex filter weights, or com-



plex data with real filter weights. We now modify the resampling band-pass filter so that it presents 
real weights when seen from its input terminals but presents complex weights when seen from its 
output terminals. This option will permit the desired use of complex preprocessed input data with the 
complex band-pass filter with the two-filter convolution rather than the four-filter form.  
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Figure 9.  Digital Down Converter Single Path Processing with Commutated Weights from  

M-Path Partitioned Band Centered Complex Filter 

To accomplish this task we first consider a slight variation in how we operate the band-pass resam-
pling filter, discover the benefits of the alternate format, and then return to the original operating 
scheme. Let us review the current operating conditions of the Hilbert Transform pre-processor. The 
input sample rate to the filter is 12.288 MHz with desired center frequencies at multiples of 192 kHz 
so that the center frequencies reside at multiples of fs/64. We require the filter set to enable resam-
pling to 2-samples per symbol or 256 kHz, which represents a resampling ratio of 12288-to-256 or 
48-to-1. We know that center frequencies located at multiples of the output sample rate alias to 
baseband when down sampled. If we were to down sample by 64 rather than by 48 the band-pass 
signal and filter would both alias to baseband. When the band-pass filter aliases to baseband, the 
complex heterodyne coefficients default to unity and drop out of the polyphase partition. The com-
plex phase rotators attached to the delays in the partition still survive, and are positioned as scalars 
applied at the output of each polyphase leg of the M-path filter as shown in figure 2. We can use this 
filter with real input weights and complex outputs to efficiently translate to baseband, filter, and re-
sample any of the input FDM channels contained in the complex data stream formed by the Hilbert 
transform pre-processor.  
 
We still have this little problem that the output sample rate is equal to the channel spacing (192 
kHz), which is standard for maximally decimated filter banks, rather than the desired 2-samples per 
symbol rate of 256 kHz. Conventional receivers would, at this point, simply pass the down con-
verted, down sampled data set to a polyphase interpolator to up-sample by 4/3 to obtain the desired 
256 kHz sample rate as shown in figure 11. It is common to embed the interpolator in the matched 
filter to reduce the number of separate filters in the chain. Following this line of reasoning, the 
matched filter can be folded into the down sampling filter, and had we more time we would in fact 
do this. What we now do is partition the polyphase filter in the maximally decimated form as if we 
were going to perform 64-to-1 down sampling as shown in figure 10 and then alter the way we use 
the partition so that we obtain the 48-to-1 down sampling from the 64-path filter. 
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Figure 10. Digital Down Converter: Hilbert Transform Processor and Maximally Decimated Filter 

The convolution performed by the non partitioned, filter h(n) translated to the k-th center frequency 
is shown in eq.1. Here the filter length is increased from 480 to 512 taps to be a multiple of 64. 
Equation 1 shows the filter partition into 64 8-tap filters and the resulting double sum describes the 
M-path filter. In eq. 2 we resample the output, taking every 64-th output to see the maximally deci-
mated filter structure shown in figures 2 and 10. We have subscripted the data and coefficient set 
with the index r to explicitly show that the offset index “r” reflects memory partition of filter and 
input data buffer. 
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In eq. 3 we resample the output 48-to-1 to obtain the desired non-maximally decimated filter struc-
ture. We note two main differences in the non-maximally decimated filter. First the r-th data set now 
interacts with cyclic shifts of the coefficient set -16n+r, and second there is a residual heterodyne by 
powers of  “-j”. This is the same shift we observed in figures 7,8, and 9. Notice this heterodyne can 
be absorbed in the phase rotators as a 16-point offset of the output index r’.  
 
We account for these changes by modifying the standard form of the M-stage filter by including a 
circular input buffer to roll input data to the offset filter coefficient sets, a circular output buffer to 
roll output data to absorb the residual output heterodyne, and a state machine to direct the sequence 
of circular input and output data rolls. A simplified model description of the commutator and filter  
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bank operating in the two modes, maximally decimated with post processing interpolators and non-
maximally decimated, is shown in figure 11. Notice that in the left segment, the commutator spans 
the full 64 input ports to deliver 64 inputs required to form an output at 1/64-th of input rate while in 
the right segment the commutator spans 48 input ports to deliver 48 inputs required to form an out-
put at 1/48-th of input rate. Figure 12 shows the data flow of the circular input buffer as successive 
blocks of 48-points are delivered. We see that the data in the input buffer serpentine advances 
through the 64-point columns, vacating 48 registers in preparation for the next block of 48 input 
samples. This serpentine advance is easily accommodated by a circular shift of the top 16 rows to the 
bottom 16 rows. Also shown here is the circular shifting of the output buffer to absorb the residual 
heterodyne as a phase shift in the phase rotators.   
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Figure 11. Filter Banks: Maximally Decimated with Interpolators and Non-Maximally Decimated 
 

With the phase rotators applied after the filter, we have the opportunity to apply the phase rotators 
for all the channels as an FFT. For this mode of operation, the single set of filter weights demodu-
lates, matched filters, and interpolates to 2-sample per symbol, all the channels in the received FDM 
signal. A final note is that there are 48 different starting phases of the input data stream that can be 
used to initiate the data load to the 48-stage polyphase filter. Shifting the starting phase under control 
of the timing recovery loop permits the polyphase filter to perform the time shifts required for timing 
acquisition. Time offset granularity in the timing loop is related to the number of stages in the poly-
phase filter bank. One response to this connection is to implement a polyphase bank with a very 
large number of weights, say 256, and course skip weight sets to obtain the desired 64 sets, but per-
mit fine offset of weight sets to obtain fine grain timing control. A number of consumer modems use 
this option to obtain matched filtering, arbitrary resampling, and timing recovery in a single process. 



0 0 0 00

0

0

0

16 16 16 1616

16

16

16

15 15 15 1515

15

15

15

31 31 31 3131

31

31

31

47 47 47 4747

47

47

47

48 48 48 4848

48

48

4832 32 32 3232

32

32

32

64 64 64 6464

64

64

64

STATE-0
SHIFT-0

 STATE-1
SHIFT-16

 STATE-2
SHIFT-32

STATE-3
SHIFT-48

n
n-1

n-1

n-65

n-65

n-81

n-81

n-49

n-49n-33

n-33n-17

n-17

n-16

n-16

n-80

n-80

n-96

n-96

n-64

n-64n-48

n-48n-32

n-32

n+ 15

n+ 15

n+ 16

n+ 16
n+ 31

n+ 31

n+ 32

n+ 32

n+ 48

n+ 64

n+ 80

n+ 47

n+ 47

n+ 63

n+ 79

n+ 95   Current 
Top Block

  Former 
Top Block

First 48 Inputs Next 48 Inputs

 
 

Figure 12. Data Roll of Successive 48-Point Input Blocks to 64x8 Input Buffer and  
Data Roll of 64-Output Paths Prior to Phase Rotators   

 
Figure 13 presents a segment of time series and the spectrum of a composite signal containing 37 of 
the nominal 50 square-root Nyquist shaped channels. The center channel is intentionally vacant to 
simplify the task of locating it in the next figure. Figure 14 is the spectra of 48 separate time series 
extracted from the resampling channelizer. Here the channelizer performs the matched filtering, the 
spectral translation, and the non-maximally decimated resampling to 2-samples per symbol.    
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 13 Time Series and Spectrum of FDM Signal with 37 128 kHz channels on 192 kHz Centers 
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Figure 14. Spectra of Time Series Resampled to 2-Samples per Symbol in Channelized Filter Bank 

 
CONCLUSIONS 

In this paper, the second half of a pair of papers, we have further altered the digital down converter 
to permit IF sampling, Hilbert Transform half-band filtering with 2-to-1 down sampling, and alias 
based down conversion by down sampling with an M-path filter. By adding circular input and output 
buffers and a state machine to the M-stage filter we were able to embed a useful resampling option 
to form 2-samples per symbol. This option permits any arbitrary input rate can be resampled to 2-
samples per symbol. We noted that the down sampling filter could also be the matched filter and that 
the commutator pointer can be advanced or retarded in the re-sampling operation to move the output 
sample time to the desired time location at the matched filter output. One last comment! The proc-
essing options presented here reduce the computational burden in a receiver, with comparable sav-
ings in a transmitter, at the expense of more complex and perhaps more interesting control mecha-
nisms. Treat the processing task as a puzzle and enjoy the process of learning and applying clever 
solutions to old problems.    
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ABSTRACT 
 
Waveform Description Language (WDL) was invented to ease the process of porting legacy and/ or 
new radio waveforms to Programmable / Software Radios. WDL has two primary requirements; 1st 
it is to provide a rigorous executable behavioural description of waveform signal structures that is 
unambiguous and yet independent of any particular end item software radio architecture. The 2nd 
requirement is that the behavioural specification provides a path to automatic code generation for 
GP’s, DSP’s, and FPFG’s and that the Generated code be tested against the behavioural model.  
 

KEY WORDS 
UK/MOD PDR, Software Radio, ,Executable Behavioural Waveform Description Language 
(WDL), Canonical Representation, Automatic Compilation using COTS Tools, Initial UK Target 
Radio’ are: SATURN and, BOWMAN VHF, JTRS Applications 

INTRODUCTION 
 
The work described herein on Waveform Description Language (WDL) was performed by BAE 
under a contract from UK MOD and Managed by QinetiQ. The WDL process is aimed at 
eliminating the ambiguities in textual specifications by rigorously defining waveforms in an 
executable format that is neutral to Software Radio Manufacturers, such that COTS tools can be 
used to automatically compile the behavioural description to run in their particular Software Radio 
Implementation (Usually a mixture of GP’s, DSP’s and FPGAs).  The key to WDL process is 
threefold: 

The notion of defining a Class Structured set of OO Radio Components 
The notion of Canonical Radio Model Templates 
The notion of a web-based Radio Component data base 

In the following sections we shall identify exactly where in a radio model WDL was applied, we 
shall describe the WDL process of decomposing Radio Requirements into Components belonging 
to Canonical Radio Template, we shall describe the process of generating a behavioural executable 
abstraction of a radio, and finely the process of generating Radio Implementation Code for a variety 
of different Software Radio Architectures from the behavioural WDL modelling code. 

TECHNICAL DISCUSSION 

In this section we shall define where WDL fits into the Programmable/Software Radio generic or 
virtual radio architecture and exactly where in the OSI Model WDL was applied. 
 



 

  

Fig. 1 depicts a typical virtual radio architecture and how it applies to the SRD (Software Defined 
Radio) architecture defined and recommended by some 15 nations under the SDR Forum. 

 

 
Figure 1- Virtual Radio/SDR 

 
Fig. 1 (top) depicts a generalized virtual radio model including a number of networked users all 
sharing the radio’s Waveform Processing, and RF & Antenna resources. Fig. 1 (bottom) depicts the 
functional relationship of the SDR framework to the virtual radio depiction and where WDL was 
applied. 
 
Fig. 2 depicts the 7 layer OSI model, where WDL was applied to the SDR Forum’s Software 
Defined Radio functional partitioning, and what was recommended to be “encapsulated”. 

 
Figure 2…OSI Model and where WDL was applied 
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As shown WDL was recommended for RF control specifications, virtually all Modem and Black 
Processor functionality (except the network functions) that are assumed to be encapsulated as 
embedded “C” code. and non network portions of the Red Processing areas of the SDR model. 
 
Restricting WDL to the non-networked functions is not a terrible restriction or limitation. Network 
Protocols are usually developed by large consortiums or corporations taking tens of man-years of 
development effort and are thus sometimes proprietary and need to be licensed. Furthermore, the 
Data Link, Network, and higher OSI layers are being addressed by JTRS JPO in the JTRS SCA. 
For the above reasons it makes perfect sense to encapsulate the Data Link and Network layers and 
interface to them with simple API’s….The top portion of figure 2 depicts the functionality of a 
typical Data Link layer API and the listing below summarises the simplistic functionality of an API 
interface. 
    Transmit API  Receive API 
            > Request to Transmit        > Carrier Detect 
            > Frame of Tx  Data           > Get Rx Data 
         > End Transmit           > Loss of Carrier 
With this philosophy… interfacing the Data Link and Network Layers to the physical hardware 
layer via simple API… a major amount of work can go on in parallel with little or no required 
interaction between vastly different technology areas. 
 

THE WDL PROCESS FROM BEGINNING TO END 
A birds-eye view of the end to end process of WDL is depicted in Figure 3. As shown, 
conventional specifications that describe a particular Waveform are decomposed into the OSI  
Layered model of a radio. The physical layer requirements where WDL was applied, are forced 
into Signal Path, TSEC, and Orchestration WDL Templates. The Templates are Placeholders, 
into which the Executable Transformation Function, that specifies how the Component is to operate 
on input files to produce the desired output files is specified in a behavioural executable manner.  

 
Figure 3… The WDL Process / Beginning to End 
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The Component depiction (magnified) is at the heart of the WDL process. Components are chosen  
to describe radio functions like Voice Coders, Encrypters, Message Assemblers, Interleavers, FEC 
devices, Sync Appenders, Line Coders (Serializers), Modulators, etc and their companion Rx 
counter parts. As Components  are developed they are put into parametric form and entered into a 
Class Structured OO web-based database for reuse.  
 

THE DETAILS OF THE WDL PROCESS 
Figure 4 takes the Birds eye view of the WDL process outlined above one level lower in detail. It 
depicts the kinds of Radio Components that the textual specs are partitioned into. Some 
components bear a one to one correspondence with the original specifications, others have to be 
derived and created. 

 
Figure 4…The WDL Templates 

 
As implied there are three main functional Templates into which the original specifications are 
decomposed into, Signal Path Components, TSEC Path Components, and Orchestration 
Components.  
 
The Signal Path for a particular radio might consist of the set of components identified in the 
referenced block diagram. Some of them are well known in the radio world, (CVSD, Encrypt, 
Interleaver, Modulation) others were derived (Framer, Message Assembler, Sync Appender) from 
the original textural specifications.   
 
The TSEC and Orchestration Templates (Not shown in their expanded form) are also highly 
regularized and their structures can be reused from radio system to radio system. 
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COMPONENTS AND COMPONENT DATA SHEETS 
 
At the heart of WDL is the component. This is the behavioural entity from which the physical layer 
of a radio system is specified. All Signal Path Components are specified in terms of Input Files, 
Transformation Function, and Output Files. It is assumed that Input Files are filled with a 
convenient amount of data (a Packet, a Frame, a Slot’s worth of data prior to executing the 
Transformation Function that will functionally Transform the Input Files (manipulate, perform 
mathematical functions on, scale, etc) to the desired output and place it in the output file(s). 
 
To document the operation of the Component, the concept of a web based data sheet, filed in a OO 
Class Structured Data base was developed. Figure 5 depicts the Data Sheet concept. 

 
Figure 5 

 
As shown WDL standardized on the look and feel of Component Data Sheets. All data sheets have 
a short functional description, a block diagram, the executable mathematical and or logical 
expressions that operate on input files to produce the desired output file(s), an API definition, 
Stimulus / Response files (Test bench), etc. In addition , as depicted in the figures on the right, the 
API also allows the Waveform Designer to specify the Dimensions of the Input and Output Files. 
 
As implied in the figure, WDL forces most, if not all Signal Path components to have a mate…a Tx 
Component and a companion Rx Component. This duality concept allows Loop back testing at 
both the behavioural and Radio Implementation level of virtually every Signal Path Component.  
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THE EXECUTABLE BEHAVIOURAL RADIO SPEC 

Once the waveform designer gathers the Components from the Web based Library or Data base, or 
creates the component he needs, he instantiates the Data Sheets that he needs, and develops the 
Orchestration Component. The Orchestration Component ties the other Components together and 
provides the timing to move data from Component to Component, and the timing for each 
Component to perform its Transformation function. 

 
Figure 6… Building Waveform Executable Spec 

 
Once the Orchestration Component is developed, it becomes just another Radio System Component 
and is placed in the Data Base along with the other instantiated components as depicted in the 
above referenced figure. 
 
The Set of instantiated Data Sheets, as shown above, rigorously specifies, in an executable 
behavioural format, the physical layer requirements of a radio system. The ambiguity of the 
requirements is reduced to essentially zero, and the behavioural specifications being written in a 
neutral COTS language should be acceptable to all radio implementers. 
 

AUTOMATIC RADIO CODE GENERATION 
 

When we picked MATLAB as a radio vender neutral COTS Language for behaviourally describing 
the Waveform Functionality of a radio system, we had in mind that industry would develop a 
compiler that would transform MATLAB Code to VHDL automatically. That day has come! 
 

Executable
Component
Based Spec

SpecProof 
(System Simulation)

Web Based 
Data Base
(Data Sheets)

Data 
Sheet

GUI

KB

WDL
Instantiated
Components

Compiler/Tag Reader

MATLAB/ COTS

Orch
Fn

Dev 
Path

Orch

Mod   FEC    INT   TB’s  Voice Coders

FSK
FM RS-

ED
Row
Col

CV-
SD

Data 
Sheet

GUI

KB

WDL
Instantiated
Components

Compiler/Tag Reader

MATLAB/ COTS

Orch
Fn

Dev 
Path

Orch

Mod   FEC    INT   TB’s  Voice Coders

FSK
FM RS-

ED
Row
Col

CV-
SD

Use www.wdl.com Browser to pull in 
Applicable Data Sheets

Executable Behavioral System 
Specification Resides on Data Sheets



 

  

GOING FROM EXECUTABLE SPEC TO RADIO IMPLEMENTATION 
 
Figure 7 is almost a direct repeat of the previous figure, except in this one we are highlighting how 
one would get to Radio Code from the behavioural code. Two paths are shown, a manual path 
where one uses the block diagrams and MATLAB Behavioural Code to develop VHDL or C code, 
and an Automatic Radio Code Generation path, that uses the MATLAB behavioural Code directly 
with little manual intervention 

 
Figure 7… Radio Code Generation methods 

 
For transitioning MATLAB Behavioural Code to C code it was found that the MATLAB 
Behavioural Code that was written could be transitioned to C Code rather easily. This is especially 
true for GP’s and to a lesser extent for DSP’s.  
 
When transitioning MATLAB code to VHDL the story changes for both the manual and Automatic 
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the limitations of FPGA’s… all brands have the same generalised constraints. It was found that if 
the person has VHDL experience and training, and is instructed to write code with conversion to 
VHDL in mind, the code can be “Structured” to lead to an easy translation to VHDL in both the 
manual and Automated Code Generation paths.  
 
Once the MATLAB code is “Structured” for the FPGA solution, it also is optimised for C code. 
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WDL AUTOMATIC CODE GENERATION PROCESS 
 
Automatic code generation from “WDL Structured MATLAB Code” was generated for a few 
WDL Component Data Sheets. The results were very positive. Figure 8 depicts what had to be done 
to automatically compile the “WDL Structured code” for use in the AccelChip Compiler. 

 
Figure 9… Automatic code generation 
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functions that can be implemented in FPGA’s.  
 
Once the above was done, a few other “Directives” that deal with hardware allocations were added 
to the WDL Structured Matlab Code as illustrated in the MATLAB Refinements notes. 
 
The compiler was then adjusted for Alteria FPGA and run… Out came VHDL Code representing 
the Interleaver as depicted in the bottom right of the referenced figure. 
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CONCLUSIONS 
 
The WDL Process address several key needs in the Software Radio arena. These are listed below: 
 

WDL addresses the black area of the SDR Forums / JTRS radio architecture and is intended 
to augment the JTRS SCA on the black side of the radio 

 
WDL addresses the physical layer of the OSI model, and is interfaced to the higher Data 
Link and Network layers of the OSI model via simple API’s 
 
WDL  forces the Physical Layer specifications into Component based Canonical Radio 
Templates…Signal Path, TSEC, and Orchestration. 
 
WDL provides software behavioural models of parameterised components that are housed 
in a web based OO Class structured Library for reuse 
 
WDL Structured MATLAB Code explicitly describes the behavioural Transformation 
Function that effectively moves Data from Input Files to Output Files. 
 
WDL Provides a path to Manual and Automatic C and VHDL Code Generation that is 
being tested on the Decomposition of SATURN, a fast frequrncy hopped NATO Waveform 
which represents the complexity of radios that we want to apply WDL to. 

 
The briefing will discuss all of the items above and include a section on lessons learned on manual 
and automatic radio code generation. 
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ABSTRACT 
 
FPGAs are increasingly being employed for building real-time signal processing systems. 
They have been used extensively for implementing the PHY in software radio 
architectures. This paper provides a technology and market perspective on the use FPGAs 
for signal processing and demonstrates FPGA DSP using an adaptive channel equalizer 
case study. 
 

KEY WORDS 
 
Software radio, FPGAs, Adaptive Filter, Channel Equalizer, System-on-Chip, Simulink 
 

INTRODUCTION 
 
Software defined radios (SDR) are highly configurable hardware platforms that provide 
the technology for realizing the rapidly expanding third (and future) generation digital 
wireless communication infrastructure. Many sophisticated signal processing tasks are 
performed in a SDR, including advanced compression algorithms, power control, channel 
estimation, equalization, forward error control, adaptive antennas, rake processing in a 
WCDMA (wideband code division multiple access) system and protocol management. 
While there are a plethora of silicon alternatives available for implementing the various 
functions in a SDR, field programmable gate arrays (FPGAs) are an attractive option for 
many of these tasks for reasons of performance, power consumption and configurability. 
This paper provides a high-level perspective on the role of FPGAs in signal processing 
systems. A design example in the context of an adaptive channel equalizer is presented. 
The implementation is achieved using a system level development tool: System 
Generator® for DSP from Xilinx.  
 

THE FPGA SIGNAL PROCESSOR 
 
The traditional technology choice for real-time signal processing has been DSP 
microprocessors, ASSPs (application specific standard parts) or custom ASIC 
(application specific integrated circuit) solutions. First some observations. Semiconductor 
process technology continues to advance according to Moore’s Law and device 
geometries continue to shrink - this is likely to be the situation for the next 15+ years. As 
highlighted by Bass and Christensen [1], this has produced the interesting situation 
whereby semiconductor fabrication facilities now offer circuit design teams more 



 

transistors than they need. This so called  design gap has been widening for some time. In 
fact, the National Technology Roadmap for Semiconductors noted it 5 years ago, 
observing that while the number of transistors that could be put on a die was increasing at 
a rate of about 60 percent a year, the number of transistors that circuit designers could 
design into new independent circuits was going up at only 20 percent a year [1]. This 
trend is observed in the DSP processor space where we note that even high-end DSP 
microprocessors do not push the transistor densities described by Moore’s Law. Why is 
this the case? The author believes the answer to this question has its roots in the 
computing paradigm and computing architectures on which these devices are based – the 
von Neuman machine. When von Nueman and his colleagues were developing their early 
computers, the design optimization criterion was different and the base technology used 
to construct these machines was very different to that available today. In fact, the 
machines where constructed using heterogeneous materials for each major subsystem. 
The storage devices were wire and magnets (relays), or even mercury (acoustic wave 
based mercury delay lines). The actual computing components were constructed out of 
glass and electric fields guiding electron beams (vacuum tubes). The very diversity of the 
materials required the physical separation of the various subsystems. 
 
Today we construct silicon based computing machines. From a materials perspective they 
are homogeneous systems in which the memory and computing components are 
constructed from the same material – silicon. Yet much of the time the architecture 
developed by von Neuman still persists, when in fact it need not. Given a large transistor 
budget it is difficult to effectively use his resource to evolve a DSP microprocessor along 
its traditional trajectory. How many multiply-accumulate (MAC) functional units can be 
incorporated into an instruction set architecture (ISA) computing machine without 
introducing significant issues with functional unit scheduling and compiler writing? 
 
To bring value to a state-of-the-art semiconductor product the transistor budget must be 
used in a different way, and this is precisely what the FPGA does. As highlighted in [1], 
while price and performance are still key metrics valued in the market, there are signs 
that a seismic shift is occurring, giving way to a new era in which customization matters 
more. FPGAs are the ultimate in customization, signal processing systems can be 
constructed that are limited only by the imagination of the designer. FPGAs spend the 
transistor budget in a fundamentally different way than ISA machines. To see this 
consider the architecture of the Xilinx Virtex-IITM [2] FPGA shown in Figure 1. The 
device is organized as an array of logic elements and programmable routing resources 
used to provide the connectivity between the logic elements, FPGA I/O pins and other 
resources such as on-chip memory, delay lock loops, digital clock managers, and 
embedded hardware multipliers. A non-trivial number of transistors is used to support the 
programmable routing resources. However, having invested part of our transistor budget 
in this manner we have a highly configurable part that can be used to construct 
customized, and yet configurable, datapaths to solve the problem at hand. The FPGA 
approach to computing is like having a miniature silicon foundry on at your disposal with 
a turn around time of hours instead of months or even years as it is for many complex 
ASICs. The device personality is held in static RAM (SRAM) so that modifications, 
extensions and bug fixes can be easily applied – even after the system has been deployed. 
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Figure 1: Virtex-II FPGA architecture. This FPGA family provides an array of 18x18-bit 
(168 in the XC2V8000) precision multipliers for addressing advanced signal processing 
applications. 
 
Even though we have a large transistor budget at our disposal, in the spirit of efficiency, 
it is still worth considering how certain commonly used functions could be integrated into 
an FPGA. This is not an easy task and leads to what I like to refer as The Integrator’s 
Dilemma (Figure 2). This figure is a representation of level-of-integration versus 
application space. Region 1 is illustrative of  ASIC system-on-a-chip (SoC) based design. 
As more specialized functions are integrated into the device, the coverage in application 
space is reduced until we are at the apex of the region which states that this chip is only 
good for a single application. Region 2 describes the situation for FPGAs. While FPGAs 
will have the same trend in the figure as an ASIC, the gradient is much reduced, which 
leads to a broadening of the single application coordinate for the ASIC. Consider the 
Xilinx Virtex series of FPGAs as an example. Virtex-I devices consisted primarily of 
logic fabric, memory, clock management and I/O. Virtex-II, the evolution of Virtex-I, 
included the addition of custom 18bx18b precision multipliers.  In the context of Figure 
2, this is reflected as movement up the level-of-integration axis. The Virtex-II Pro family 
is the extension of Virtex-II technology. Virtex-II Pro extended Virtex-II technology by 
incorporating a Power PC 405 processor (up to 4 in the largest family member) and 
multi-gigabit transceivers (MGTs). This evolution is movement further along the level-of-
integration axis. However, the configurable dimension of the technology has been 
preserved, and custom datapaths for implementing DSP or processing the data being 
presented to or received from the MGTs can be constructed in the logic fabric on an 
application-by-application basis. 
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Figure 2: The integrator’s dilemma. 
 
The silicon system that has evolved enables complex systems to be constructed, 
frequently  using a single device. This is the platform based approach to system 
realization. 
 
The question of economic viability is frequently raised in the context of deploying 
FPGAs in end products. One use model that is referenced is the application of FPGAs for 
prototyping and initial product deployment, followed by migration to an ASIC for high 
volume production. Let us examine this model in the context of current market and 
technology trends. First, as highlighted by the noted Harvard economist Clayton 
Christensen in [1], there are fundamental changes occurring in the market place. Once 
performance requirements have been satisfied in a particular application domain, in order 
to remain viable and competitive, the product emphasis must evolve. What we are seeing 
now is the market favoring customized SoC solutions that retain flexibility. Another 
market related trend is the increasing emphasis on time-to-market. On the technology 
front we are still experiencing growth according to Moore’s Law. For the ASIC designer 
this is an issue. One component of this is deciding where to spend the transistor budget, 
the second is related to the engineering effort required to bring a state-of-the-art ASIC to 
market. The design methodologies required to design, implement and verify a state-of-
the-art ASIC are not tracking Moore’s Law. This situation is reflected in the lengthy 
development cycles for bleeding edge designs, which is of course in direct contradiction 
to the ever increasing focus and importance on time-to-market and being first to market. 
Figure 3 is an attempt to capture some of these observations. There are two important 
components to the curves: an initial offset and a gradient. As process geometries shrink 
the non-recurring engineering (NRE) costs for an ASIC development increase. For 
example, the NRE on a 0.15 micron process is much greater than that for a 0.25 micron 
development. The NRE costs to an FPGA user are much smaller, consisting essentially of 
a modest investment in software. Hence, the FPGA offset on the vertical axis in the 
figure are well below that of an ASIC, independent of the process. The gradient of the 
cumulative NRE plus unit cost as a function of volume curve for the ASIC is shallower 
than the equivalent curve for the FPGA. However, as semiconductor manufacturing 



 

process improves, the intersection of the ASIC and FPGA curves moves to the right, 
indicating that over time, the FPGA solution only becomes more effective. This later 
trend is only emphasized when the cost of being late to market is factored into the 
calculation. 
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Figure 3: Economic trends over time for ASICs and FPGAs. 
 
FPGAs provide high-performance signal processing using parallel processing – typically 
data parallel processing. A key feature of the FPGA DSP engine is that the user can 
define the amount of parallelism employed in the implementation. That is, the FPGA 
affords the opportunity to right-size the datapath – allocate only enough silicon to satisfy 
the computation requirements. Figure 4 tries to capture this concept, by showing a three-
dimensional  representation of system design space. Generally, increasing signal 
processing complexity will require an increase in the computation power (MIPs) of a 
DSP processor. Once the processor is 100% loaded, there is no further opportunity to 
increase signal processing complexity. In a 3G or 4G wireless system it is relatively easy 
to reach the computation boundary of a state-of-the-art processor. In an FPGA design, the 
systems engineer has a new dimension to allocate to the problem – space or FPGA area. 
More logic resources can be utilized to meet the performance requirements.  
Similarly, when we move along the performance axis, and this might equate to bit-rate as 
measured in millions-of-bits-per-second in many systems, the computational demands 
will increase. With an FPGA-based design, logic resources can be added to meet these 
demands. In short, the signal processing engineer utilizing FPGA technology essentially 
has a design surface on which to work, rather than a single line in the Performance Vs 
Signal Processing Complexity plane of Figure 4. 
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Figure 4: DSP design 3-space showing the dimensions of algorithm complexity, 
performance and silicon (FPGA resource) area. 
 

DESIGN EXAMPLE: ADAPTIVE EQUALIZER 
 
This case study considers the FPGA implementation of an adaptive equalizer for a 50 
Mbps 16-QAM demodulator. The example demonstrates the FPGA implementation of 
one component on a soft radio system. Software and intellectual property (IP) is 
becoming harder than the supporting hardware platforms. In this example we emphasize 
the use of a new design methodology for FPGA DSP systems called System Generator 
for DSPTM [4]. 
 
Adaptive equalizers operate in a receiver to minimize intersymbol interference (ISI) due 
to channel-induced distortion of the received signal. The equalizer operates in cascade 
with a matched filter (MF), synchronous sampler, and decision device (slicer) operating 
at the symbol rate. A gradient descent process such as the least-mean square (LMS) 
algorithm [3] adjusts the equalizer weights to minimize the difference between the input 
and output of the decision device. In modern receivers the sampling process precedes the 
matched filter, and in order to satisfy the Nyquist criterion for the matched filter, the 
sample rate is greater than the symbol rate by a ratio of small integers p-to-q such as 3-to-
2 or 4-to-3 and often is 2-to-1 to simplify the subsequent task of down sampling prior to 
the slicer. If the down sampling occurs prior to the equalizer, the equalizer operates at 1-
sample per symbol and it is termed a symbol-rate equalizer, and if the down sampling 
occurs after the equalizer, the equalizer operates on p/q-samples per symbol and it is 
termed a fractionally-spaced equalizer (FSE). 
 
In the case of an adaptive decision directed (DD) channel equalizer the desired signal is 
produced by utilizing the known structure of the system alphabet.  In this design example 
a fractionally spaced equalizer operating at two samples per symbol will be considered. 



 

The equalizer result is of course generated at the baud rate T. The equalizer is a multirate 
structure that is most efficiently implemented using a polyphase decimator architecture. 
 
An 8-tap equalizer is to be employed in our system. Each polyphase segment will 
comprise a 4-tap filter. Each symbol in the 16-QAM alphabet carries 4 bits of 
information. To achieve the required  50 Mbps data rate the symbol rate must be 12.5 
Mbaud. Each polyphase segment in the equalizer will operate at the low output symbol 
rate in contrast to the higher input sample rate. That is, the equalizer must generate a new 
output at a sample rate of 12.5 MHz. We will assume that the coefficients need to be 
updated at the symbol rate. The equalizer architecture must now be defined. There are 
many options. For example, a fully parallel design consisting of 8 FIR processing 
elements (PE) and 8 LMS processors could be employed. In this case the system would 
only be required to support a clock frequency of 12.5 MHz. Since this is a very modest 
operating point for current generation FPGAs, a folded design is considered that runs at a 
higher clock rate and uses only a small number of functional units to service all of the 
operations. This in turn minimizes the FPGA device utilization. The performance 
objective can be achieved using a single FIR and LMS PE in each of the two polyphase 
arms. This only requires a clock frequency of 50 MHz. In each polyphase segment, the 
four filter operations will be scheduled onto a single complex multiply-accumulate 
(MAC) engine. Similarly, the 4 coefficient updates will be folded onto a single LMS PE. 
 The System Generator implementation of the equalizer is shown in Figure 5. 
 

 
Figure 5: System Generator implementation of the adaptive equalizer. Top level design. 

Subsystem F1 contains the polyphase filter (Figure 6) and LMS processors. 
 



 

 
Figure 6: System Generator implementation of the equalizer polyphase filter. Input samples are 

presented at a rate of 2 samples/symbol while the output samples are generated at the baud rate T. 

 
F2 is the symbol de-mapping circuit consisting primarily of several comparators and a 
small look-up table. The error signal is generated using the complex subtractor 
comprising A0 and A1. F3 weights the error signal by the adaptation rate constant. The 
heart of both the FIR and LMS PE is a complex MAC. This was implemented using 4 
multipliers and 2 additions. The multipliers are realized using the embedded multipliers 
in the Virtex-II (and Virtex-II Pro) FPGA family.  

 
What may not be obvious from the previous description and the associated figures is that 
the FIR and LMS PEs each have their own local copy of the complex channel data. Why 
has this architectural choice been made when the filter computation and the LMS 
coefficient update process each use the same data [3]? The reason is hardware 
performance related, and in particular associated with the desire to pipeline the design to 
achieve a suitable clock frequency. The memory systems in the FIR and LMS processors 
are skewed in time with respect to each other. This effectively decouples the processes 
and permits the filter and LMS engines to be heavily pipelined. In looking ahead to the 
integration of the equalizer and carrier recovery loop, the symbol decisions required to 
drive the coefficient adjustment will no longer be derived from the detector within the 
equalizer, but from the carrier recovery loop. The relative timing between the decisions 
and the regressor vector samples needs to be handled carefully, and the decoupled 
memory architecture meets this objective. 
 
The equalizer was tested using an exponentially weighted multipath channel model.   A 
16-QAM alphabet was generated, waveform encoded and upsampled using an 
interpolation factor of 4 before being applied to the channel. The channel output samples 
were re-timed, done manually in this case since timing recovery is not in the design under 
consideration, decimated by 2 and presented at a rate of 2 samples/symbol to the 
equalizer.  
 
The next question that arises is related to quantizing the design, or defining suitable bit-
precisions for the various nodes in the circuit. Because System Generator employs the 
Simulink kernel and has access to all of the flexibility offered by Matlab, it is 
straightforward to establish a test and verification procedure that permits rapid design 
exploration. In the System Generator design, the data format of each functional unit is 
specified symbolically. The references are resolved by executing a Matlab script that 
allocates workspace variables. Each equalizer customization is defined by unique script. 



 

When the simulation is run, various signals are logged to the workspace and used in post-
simulation analysis. Figure 7 shows the received signal with ISI, the instantaneous  
equalization error, the constellation diagram in the initial acquisition phase, and then the 
constellation again with the startup transient removed for 12- (subplots (a) to (d)), 18- 
(subplots (e) to (h))and 24-bit (subplots (i) to (l)) precision arithmetic. Plots (c), (g) and 
(k) for each precision presents symbols 1 to 4000 of the simulation while plots (d), (h) 
and (l) in each case shows symbols 4000 to 5000. For all cases the adaptation rate 
constant is 0.004. 
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Figure 7: Adaptive equalizer simulation. (a),(b),(c),(d) 12-bit precision datapath. (e),(f),(g),(h) 18-

bit precision datapath.  (i),(j),(k),(l) 24-bit precision datapath. 

 
From Figure 7 we note that a 12-bit precision design does not provide the required 
performance. The equalized constellation has a residual phase rotation due to the low-
precision calculations and the error vector magnitude will be large as is evident from the 
significant dispersion of the constellation points. The 18-bit datapath provides adequate 
performance. As shown in Figure 7(j), (k) and (l), increasing the datapath precision to 24-
bits provides little improvement. An additional point to note from the plots is the 
comparatively large value of the equalizer error for the low-precision design, compared 
to the 18b and 24b designs that exhibit a 20dB improvement after convergence. 
 



 

The design was implemented using version 4.2i (speed-file version 1.96) of the Xilinx 
tool suite. The 50 MHz clock frequency was achieved using a -5 speed grade Virtex-II 
device. The utilization data is: 1808 logic slices and 18 embedded multipliers. Place-and-
route was run with the switches par -ol 5 -xe 2. 
 

CONCLUSION 
 
As is the nature of the human condition, systems will continue to increase in complexity. 
It will become less useful to produce devices that solve only one part of the problem. 
Increasingly, sales of stand-alone digital signal processing and embedded chips will give 
way to SoCs that incorporate DSP or other functions [1]. For example, in a soft radio 
system, the PHY is dominated by sophisticated and arithmetically demanding DSP. But 
what about the other parts of the technology that are required to make a soft radio a 
reality?  As we progress up the hierarchy of a soft radio we encounter problems that are 
best addressed using a RISC (reduced instruction set architecture) processor, for example 
the TCP/IP stack. We will also have a need to communicate with a broader network like 
the internet. Integrated components like the Power-PC 405 and the multi-gigabit 
transceivers in the Virtex-II Pro FPGA address these considerations by providing a 
platform based approach to system implementation. 
 
Continually decreasing market windows and product life cycles mean that it is more 
difficult to achieve the high volume sales that we have seen in the past, making the ASIC 
proposition less attractive. Each year the transistor budget dramatically increases, while 
design methodologies and software systems for integrated circuit development continue 
to lag. The Platform FPGA approach to system development and product deployment is 
one solution to this complex set of market and technology dynamics. Platform FPGAs 
utilize the transistor budget in ways that are being increasingly rewarded by the market, 
which include timeliness, flexibility and customization. 
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ABSTRACT 
 
Legacy telemetry systems, although widely deployed, are being severely taxed to support 
the high data rate requirements of advanced aircraft and missile platforms.  Increasing 
data rates, in conjunction with loss of spectrum have created a need to use available 
spectrum more efficiently.  In response to this, new modulation techniques have been 
developed which offer more data capacity in the same operating bandwidth.  
Demodulation of these new waveforms is a computationally challenging task, especially 
at high data rates.  This paper describes the design, implementation and performance of a 
high-speed, multi-mode demodulator for the Advanced Range Telemetry (ARTM) 
program which meets these challenges. 
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INTRODUCTION 
 
For many years pulse code modulation / frequency modulation (PCM/FM) has been 
ubiquitous in the telemetry community.  While offering the advantages of low cost, 
simple implementation, and excellent interoperability between equipments offered by 
different vendors, it has the increasingly serious disadvantage of requiring a relatively 
large operating bandwidth.  In the mid-90's, the Advanced Range Telemetry (ARTM) 
program was initiated to find ways of making better use of the available spectrum.  Out 
of this program first emerged the Tier I modulation techniques (FQPSK-B Rev A1, and 
SOQPSK) and later the Tier II waveform (multi-h CPM).  Furthermore, the research 
which produced the advanced demodulators for these waveforms also resulted in a 
breakthrough in demodulation of PCM/FM, resulting in a 3 dB improvement in detection 
efficiency with no changes to installed transmitters.  This paper will describe a 



demodulator which is software configurable to demodulate both the Tier I and Tier II 
ARTM waveforms, or improve the detection efficiency of the legacy PCM/FM signals. 
 
 

THE WAVEFORMS 
 
Several excellent papers have been published describing the ARTM waveforms, so we 
will only briefly describe them here.  For the sake of simplicity, we will refer to the 
legacy PCM/FM waveform as ARTM Tier 0, even though this technique has been in use 
since long before the ARTM program was launched.  (The enhanced demodulator for this 
waveform, however, was developed under the ARTM program, so it's not unreasonable 
to call it the ARTM Tier 0 demodulator.)  When we refer to Tier I waveforms, we will 
mean either FQSPK-B or SOQPSK, as these modulations are interoperable, and 
essentially indistinguishable.  The Tier II waveform refers to the particular variant of 
multi-h continuous phase modulation (CPM) which has been implemented under the 
ARTM program. 
 
Table 1 summarizes the key features of these three waveforms, and their time domain and 
frequency domain characteristics are depicted in Figure 1. 
 

 PCM/FM 
(Tier 0) 

SOQPSK 
(Tier 1) 

Multi-h CPM 
(Tier 2) 

Bandwidth Efficiency 
relative to PCM/FM 

1x 2x 3x 

Link Margin relative to 
conventional PCM/FM 

3 dB 0 dB 0 dB 

Compatibility Existing 
transmitters 

Compatible 
with FQPSK 

Ideal for new 
designs 

Table 1.  Key features of PCM/FM, SOQPSK, and Multi-h CPM. 
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Figure 1.  Time- and frequency-domain characteristics of PCM/FM (left), SOQPSK 
(center), and Multi-h CPM (right). 
 
 

THE DEMODULATOR 
 
A photo of the MMD22 (multi-mode demodulator, 22 Mbps) Hypermod demodulator 
appears in Figure 2, and Figure 3 below depicts a top-level block diagram of the 
Demodulator; at this level, there is no distinction between the three operating modes.  
Figures 4, 5, and 6, however, show how the signal flows are radically modified for each 
of the three different modulations.  It is only through the reprogrammability of the 
hardware that such completely different signal processing paths can be constructed in a 
single piece of hardware. 
 
The key feature of the MMD22 which supports its multi-mode operation is that virtually 
of the signal processing is performed in a set of five interconnected Xilinx VirtexE 2000 
field programmable gate arrays (FPGA), comprising over 12.5 million gates.  Some other 
salient features of this set of devices are summarized in Table 2. 
 

System gates 12.5 Million 
Logic gates 2,592,000 
Logic cells 216,000 
Dedicated Block RAM 3,276,800 
Logic Cell RAM 3,072,000 
I/O pins 2020  

Table 2.  MMD22 signal processing engine characteristics. 
 



 

Figure 2.  MMD22 Demodulator 
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Figure 3.  Overview of MMD22 Demodulator. 
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Figure 4.  Multi-h CPM (Tier 2) Configuration. 
 



SOQPSK
Signal

Anti-
Alias
Filter

Synchronization
Error

Matched
Filter

Outputs

Recovered
Data

Baseband Converter Detection Filter Data Mapping

A/D

Tracking

Downconversion
and

Synchronization
Detection

Filter
Decision

Slicer
Differential
Decoder

 

Figure 5.  SOQPSK (Tier 1) Configuration.. 
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Figure 6.  PCM/FM (Tier 0) Configuration 
 
In the Multi-h CPM (Tier 2) configuration shown in Figure 4, the MMD22 signal 
processing path includes five separate functions, final downconversion and 
synchronization (which includes resampling and digital IF filtering), branch metric 
calculation, trellis decoder, traceback, and tracking. For this waveform, the trellis is 128 
states wide, fed by 512 complex-valued branch metrics. Each branch metric feeds 8 states 
of the trellis. The routing pattern this creates is not symmetrical and consumes large 
amounts of routing resources.  The trellis decoder alone used 80% of the logic, 40% of 
the block RAM, and 95% of the I/O pins of a Xilinx XVC2000E. The XVC2000E was 
the only FPGA on the market which had sufficient speed, I/O, logic elements, block 
memory and routing resources to make the CPM trellis decoder possible in a single 
FPGA. The same device was used for the other four FPGAs to provide for future product 
features, such as adaptive equalization to combat multipath. 
 
The trellis connections for the CPM waveform are extremely complex, so a Matlab 
simulation of the trellis decoder was used to actually write the VHDL which loads the 
FPGAs. The Matlab model had all of the trellis connections built in to it, making it 
practical to use it to write the VHDL file as an output. This saved countless hours of time 
it would have taken to edit and update a VHDL source file for the trellis decoder.  
 
Depicted in Figure 5 is the signal processing path for the Tier 1 waveform (SOQPSK).  
(Thorough testing has shown that this configuration of the demodulator performs almost 



identically with the other Tier 1 waveform, Feher-patented FQPSK-B, Revision A1.)  In 
this configuration, the demodulation process is quite conventional, although the digital 
detection filtering offers an improvement in detection efficiency by allowing the 
synthesis of a matched filter which is better suited to the Tier 1 waveform. 
 
Figure 6 shows the hardware configuration for PCM/FM (Tier 0).  While PCM/FM has a 
long history in the telemetry community, and is used on virtually all telemetry missions 
flying today, the MMD22 offers a truly significant enhancement to the demodulation of 
this waveform. 
 
Instead of a conventional single-symbol detection technique, the PCM/FM demodulator 
in the MMD22 uses a multiple symbol detection algorithm, as depicted in Figure 7.  Like 
both the Tier 2 and Tier 1 modulations, the Tier 0 waveform can be defined by a phase 
trellis.  In effect, knowledge of the previous symbols, which define the path through the 
trellis, can be used to make more reliable decisions about the present symbol.  Looking at 
future symbols (by delaying the decision on the present symbol) can likewise help 
estimate the present symbol.  The MMD22 exploits this information to provide detection 
efficiency which is more than 3 dB better than that achieved with a single-symbol 
method.  
 
Figure 8 is a photograph of the signal processing board in the MMD22.  The five large 
devices are the FPGAs, which are reconfigured to support the three different modulation 
techniques. 
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Figure 7.  Multi-symbol Detection Approach for PCM/FM. 



 

Figure 8.  Signal Processing Board in the MMD22. 
 
 



PERFORMANCE 
 
The measured bit error rate performance of the MMD22 is shown in Figure 9, along with 
the performance of a state of the art conventional PCM/FM demodulator.  The red curve, 
without markers, represents the performance of PCM/FM, using conventional single-
symbol demodulation.  This is the operating baseline of virtually every telemetry link 
operating today.  The left-most curve is the performance of the same Tier 0 transmitters, 
but using the multi-symbol demodulator of the MMD22, providing a 3 dB improvement.  
The other two curves, for the Tier 1 and Tier 2 waveforms, quantify the performance of 
links with double and triple the data capacity, respectively, in the same bandwidth. 
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Figure 9.  Bit Error Rate Performance of the MMD22. 
 
 



FUTURE DEVELOPMENTS 
 
The reprogrammability of the MMD22 has facilitated the continuing evolution of the 
signal processing algorithms in each of the three modes.  Changes to filter characteristics, 
tracking loop bandwidths, threshold settings, synchronization approaches, etc. are all 
accomplished on a time scale measured in hours, not weeks or months.  This flexibility 
allows lessons learned in both lab and field testing to be leveraged into design 
improvements, even after units are operating in the field.  Nevertheless, there is room for 
even greater improvement, which is now underway. 
 
The VirtexE 2000 devices used in the MMD22 were the largest, fastest FPGAs available 
at the start of the development.  Since that time, the Virtex2 family of FPGAs has been 
introduced, and the MMD44, based on the Virtex2, is presently under development.  This 
upgrade improves the design in a number of areas.  For instance, the MMD22 uses 
numerous multipliers that are implemented in slice logic. The Virtex2 family frees up all 
the multiplier logic by making use of the wide hardware multipliers on the silicon. These 
multipliers are 3X to 4X faster and use only 2 piping stages instead of the 4 or 5 needed 
for the first generation design. This translates into less latency in the tracking loops, and 
better performance. The overall device speed increase with the Virtex2 parts will support 
much higher data rates (up to 44 Mbps).  In addition, the additional computational 
capacity of these devices allows for higher precision arithmetic, which translates to better 
bit error rates. Perhaps most importantly, the Virtex2 devices provide far more logic cells, 
which will be used to implement new features such as adaptive equalization, to correct 
multi-path distortion, and forward error correction, to improve detection efficiency. 
 
 

CONCLUSIONS 
 
The advent of large, fast FPGAs has opened the door to the implementation of complex 
signal processing algorithms which have previously been largely theoretical abstractions.  
The multi-mode demodulator described here uses over twelve million gates of 
reconfigurable logic to implement not only one, but three, such processing techniques.  
To enhance the performance of existing (Tier 0) telemetry links, the multi-symbol 
demodulator offers a 3 dB improvement in detection efficiency.  In the same package, by 
only reloading the FPGAs, a Tier 1 demodulator compatible with both SOQPSK and 
Feher-patented FQPSK-B Revision A1 offers double the data capacity in the same 
bandwidth.  For even higher spectral efficiency, the third mode of operation performs 
trellis demodulation of multi-h CPM, offering triple the data capacity of PCM/FM in the 
same bandwidth. 
 
Ongoing upgrades and a migration to even larger and faster FPGAs holds the promise of 
even further enhancement of the design.   
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A COMPARISON OF ADAPTIVELY EQUALIZED
PCM/FM, SOQPSK, AND MULTI-H CPM IN A

MULTIPATH CHANNEL

Terrance Hill & Mark Geoghegan
Nova Engineering Inc., Cincinnati, OH

ABSTRACT

It is widely recognized that telemetry channels, particularly airborne channels, are

afflicted by multipath propagation effects.  It has also been shown that adaptive

equalization can be highly effective in mitigating these effects.  However, numerous

other factors influence the behavior of adaptive equalization, and the type of modulation

employed is certainly one of these factors.  This is particularly true on modulations which

exhibit different operating bandwidths.  In this paper, we will examine the effect

multipath and adaptive equalization for three modulation techniques which are either

already in use, or have been proposed, for airborne telemetry.
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Adaptive Equalization, Multipath, PCM, SOQPSK, Continuous Phase Modulation

INTRODUCTION

For many years, pulse code modulation / frequency modulation (PCM/FM) has been

ubiquitous in the telemetry community.  This binary modulation offers a number of

advantages such as a constant envelope waveform, simple non-coherent detection, and

inexpensive implementations at both ends of the link.  It’s utilization of spectrum,



however, is relatively inefficient and this has led to the development of new modulation

techniques which offer more data capacity in less bandwidth.  Although these new

waveforms are highly effective in this regard, there is cause for concern about their

performance in a multipath environment.  These concerns arise precisely because the

modulations use less spectrum.  Because a multipath channel creates spectral nulls in the

transmission function of the channel, intuition would suggest that a modulation technique

which concentrates its energy in a narrower band would be more susceptible to

degradation by the multipath-induced spectral notches.  Our purpose here is to explore

this effect quantitatively.  In addition to evaluating the effect of multipath distortion, we

will analyze the extent to which practical adaptive equalizers can mitigate multipath.

THE WAVEFORMS

Several excellent papers have been published describing the ARTM waveforms, so we

will only briefly describe them here.  For the sake of simplicity, we will refer to the

legacy PCM/FM waveform as ARTM Tier 0, even though this technique has been in use

since long before the ARTM program was launched.  (The enhanced multi-symbol

demodulator for this waveform, however, was developed under the ARTM program, so

it's not unreasonable to call it the ARTM Tier 0 demodulator.)  When we refer to Tier I

waveforms, we will mean either FQSPK-B or SOQPSK, as these modulations are

interoperable, and essentially indistinguishable.  The Tier II waveform refers to the

particular variant of multi-h continuous phase modulation (CPM) which has been

implemented under the ARTM program.

Table 1 summarizes the key features of these three waveforms, and their time domain and

frequency domain characteristics are depicted in Figure 1.

PCM/FM

(Tier 0)

SOQPSK (Tier

1)

Multi-h CPM

(Tier 2)

Bandwidth Efficiency

relative to PCM/FM

1x 2x 3x

Link Margin relative to

conventional PCM/FM

3 dB 0 dB 0 dB

Compatibility Existing

transmitters

Compatible with

FQPSK-B

Ideal for new

designs

Table 1.  Key features of PCM/FM, SOQPSK, and Multi-h CPM.
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Figure 1.  Time- and frequency-domain characteristics of PCM/FM (left), SOQPSK
(center), and Multi-h CPM (right).

THE CHANNEL

The multipath channel being modeled here 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 (in dB) of 20 log ((1 + |ρ|) / (1 – |ρ|).  The

phase angle of ρ affects only the shift of the response on the frequency axis.  For the

range of data rates and channel delays of interest here, there is typically only a single null

present in the bandwidth of the signal spectrum.



As an example, the magnitude response of the channel h(t) = 1.0 * δ(t) + (0.632 + j0.632)

* δ(t-1.0 Tb), where Tb is the bit period, is shown in Figure 2.
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Figure 2.  Typical Multipath Channel Response.

THE EQUALIZER

Previous research has shown that the constant modulus algorithm (CMA) is quite

effective against multipath, particularly for constant-envelope signals, such as those

under consideration here.  The CMA has the advantage of being able to operate without a

training sequence, even if the multipath is severe enough to close the eye pattern in the

demodulator.  This is in contrast to the least mean squares (LMS) algorithm, which

although it can provide smaller mean squared error, will only converge to a solution

when under moderate channel distortion, unless periodic training sequences are

interspersed into the data stream.

The CMA equalizer modeled here is depicted in Figure 3.  Note that the error signal used

to drive the adaptive taps consists only of the deviation of the signal from the unit circle.

In other words, the algorithm seeks only to restore the signal to the unit circle.  Since all

of the modulations under investigation here are constant envelope waveforms, this

constitutes a "fair" error metric for all three modulations.



Figure 3.  Block Diagram for CMA Equalizer.

The acquisition performance of the equalizer was investigated in some detail, but we will

only briefly summarize those results in this paper.  A representative example of the

acquisition performance is shown in Figure 4.  The unequalized signal for this channel

exhibited an error of about –5 dB, and after a few thousand symbols to converge the taps,

the CMA was able to reduce this error by about 20 dB.  For this channel, the LMS

algorithm, was able to provide somewhat greater improvement, but as discussed above,

the CMA will converge without training under conditions when the LMS algorithm will

not.

Once we had determined that the convergence behavior of the equalizer was robust over a

broad range of channel characteristics, we elected to shorten the simulation times by

initializing the equalizer taps to the optimum taps, wo, given by the Weiner-Hopf

equation, i.e., wo = R-1 p, where R is the autocorrelation matrix of the equalizer input

vector and p is the cross-correlation vector between the input vector and the desired

(ideal) output vector.  Initializing the taps to wo had the effect of treating the equalizer as

if it had been given a very long time to converge, while the channel remained static.  It

will be the topic of another paper to report on the acquisition and tracking behavior of the

taps under dynamic fading conditions.
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Figure 4.  Simulated acquisition performance of both CMA and Least Mean Square
(LMS) algorithms.

ANALYTICAL METHOD

In this section, we will describe the method by which the results presented below were

derived.  A block diagram of the experimental technique is shown in Figure 5.   The

source signals used were the ARTM Tier 0, Tier 1, and Tier 2 waveforms as defined

above.  The modulated waveform was distorted by the static two-ray multipath channel,

and then white Gaussian noise was added.  The AWGN had the effect of keeping the

initialization of the equalizer taps from being "more optimum" than would actually be

possible in the presence of noise.

Figure 5.  Block Diagram of Equalizer Evaluation Experiment.

The mean squared error (MSE) of the equalizer output was calculated as follows.  Both

the ideal, undistorted waveform and the equalizer output were treated as a complex-



valued signal vectors.  The MSE is then simply given by the average of the square of the

Euclidian distance between the corresponding vector elements.  Note that, while this

method provides a common frame of reference for all three modulations, we have not

analyzed the relationship between MSE and other performance metrics such as bit error

rate (see Future Work section).

PERFORMANCE RESULTS

The experiment defined above describes a multi-dimensional parameter space.  The key

factors affecting overall performance are three values which define the multipath channel

(second-path delay and the magnitude and phase of the reflection coefficient), two

numbers which define the equalizer (number of taps and tap spacing), an assumed

Gaussian signal to noise ratio, and the choice of one of the three modulation techniques.

Even with only these seven parameters, a complete mapping of the space is clearly

impractical.  Consequently, we will present here a subset of interesting cases.

For all the results which follow, the magnitude of the reflection coefficient, ρ, is 0.894.

Because the peak of the multipath channel response is given by 1 + |ρ|, and the minimum

is given by 1 - |ρ|, this value of ρ creates a max to min channel variation of 25 dB.  The

signal to noise ratio (Eb/N0) for the results presented here is 35 dB, and the equalizer

always has 32 complex-valued taps.

One of the first stages of the analysis was to explore performance as a function of

equalizer tap spacing.  Under our constraint that the equalizer is limited to 32 taps, the tap

spacing and total equalizer span are inversely related.  In Figure 6, we show some typical

results for a multipath notch at the center of the signal spectrum.  Examination of this

figure shows that for any particular configuration, there is an optimum tap spacing.  As

our goal in this research is to develop and implement a practical equalizer for telemetry

applications, we are strongly motivated to use the same tap spacing for all conditions.

The results in Figure 6 steered us to use four samples per symbol, or a tap spacing of Ts/4.

Using fewer samples per symbol causes performance to degrade because the equalizer is

unable to resolve the separate multipath components.  At the opposite extreme, using 8 or

16 samples per symbol causes the equalizer span to be too short to fully correct for the

longer multipath delays.  A tap spacing of Ts/4 is a good compromise over a reasonably

broad range of data rates and second-path delays.  All of the remaining results are for

equalizers operating at four samples per symbol.
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Figure 6.  MSE as a Function of Tap Spacing, 4 Mbps, 25 dB Notch at Center.

Figures 7 and 8 show the effectiveness of the equalizer for all three modulations, at four

data rates, five different second-path delays, and various offsets between the carrier and

the multipath-induced spectral notch.  As discussed above, there are a number of

interrelated parameters in this analysis, and it is not practical to explore all possible

combinations.  Figures 7 and 8 are representative examples.

From top to bottom in these figures, the modulation changes from PCM/FM, to

SOQPSK, to CPM.  Left to right, the data rate steps through 2, 4, 8, and 16 Mbps.

Examining these twelve plots as a set, several observations are in order.  First of all, for

all cases, the equalizer is very effective in reducing the MSE of the multipath-distorted

waveform.  The unequalized MSE is generally in the range of –7 dB to –15 dB for this

channel, while the MSE at the equalizer output is most often in the range of –20 dB to

–35 dB; this is a significant improvement.  Note that because the analysis was performed

at Eb/N0 = 35 dB, the smallest the MSE could ever be is –35 dB for PCM/FM and –38 dB

for the two 4-ary modulations.  We see that there are a number of points in the equalized

plots which are within only a few dB of this asymptotic bound.

Figure 9 shows the improvement in MSE provided by the equalizer, computed simply as

the difference between the unequalized and equalized MSE curves.  For all three

modulations, we see that the equalizer offers the most improvement when the notch is

centered on the carrier.  We also see that there are two domains where the improvement

is more modest: short delays at low data rates, and long delays at high data rates.  This

behavior is best explained as follows.  At low data rates (long symbols), the short delays

are significantly less than the Ts/4 tap spacing.  Consequently the equalizer does not have

enough sampling resolution to separate the two copies of the signal, and as the delays get



shorter, this failing becomes more significant.  For example, at 2 Mbps with the 4-ary

modulations, Ts/4 is 250 nS.  All of the delays considered here are significantly less than

this, so the equalizer is hampered by the lack of sampling resolution, more so as the

delays get shorter.

At the opposite extreme, high data rates with long delays, the equalizer span is shorter

than required for optimum performance.  Our 32-tap equalizer, with Ts/4 spacing, has a

total span of 8 symbols.  Consider PCM/FM at 16 Mbps.  For this case, the equalizer span

is 500 nS, which is less than 6 times the longest delay analyzed here, 90 nS.  With these

combinations of high data rates and longer delays, the equalizer's effectiveness is limited

by total span.  Naturally, this limitation becomes more significant as the data rate

increases.

Comparing the two 4-ary modulations (SOQPSK and CPM), we see that the MSE is very

similar in nearly all cases.  Most of the differences in performance between SOQPSK and

CPM can be understood by considering their respective spectral characteristics.  CPM has

the narrower spectrum; hence, we would expect it to be more degraded than SOQPSK

when the multipath notch is near the carrier frequency, but less so in those cases where

the spectral nulls essentially "straddle" the signal spectrum.  This effect is seen most

readily at the maximum data rate (16 Mbps, Ts = 125 nS) and longest delay (90 nS).

Comparing the plots for SOQPSK and CPM, we see that CPM incurs more degradation

than SOQPSK when the notch is within 0.5 bit rates of the carrier, but vice versa outside

that range (when the multipath notches straddle the spectrum).

CONCLUSIONS

The objective of this analysis was to quantify the effectiveness of adaptive equalization

for the ubiquitous PCM/FM waveform, as well as the emerging ARTM Tier 1 and Tier 2

waveforms.  Within the limitations of the analytical method (see Future Work, below),

we have shown that a CMA adaptive equalizer can be very effective against the multipath

channels typically encountered in airborne telemetry applications.  We have shown that

for the range of data rates of most interest, a tap spacing of Ts/4 is a good choice.  If the

application includes very short delays or lower data rates, then using more samples per

symbol is beneficial, although performance against long delays or at higher data rates will

suffer.  Although not explicitly presented here, all our results indicate that increasing the

number of equalizer taps expands the region of effectiveness in both data rate and

differential delay.



Overall, we conclude that the superior spectral efficiency of the ARTM Tier 1 and Tier 2

waveforms does not necessarily doom them to be more vulnerable to multipath than

PCM/FM, if adaptive equalization is employed.  However, we also recognize that

although these results are encouraging, they are not complete.  Next steps are discussed

briefly in the following section.

FUTURE WORK

There are a number of embedded assumptions in the work presented here.  A more

thorough treatment of this topic necessarily involves a relaxation, or at least a re-

examination, of these assumptions.  We hope to present additional results in future papers

which address these issues:

• Relationship of MSE to BER – The results presented here express the equalizer

effectiveness in terms of mean squared error.  However, multipath distortion does not

look like AWGN, so inferring a bit error rate based on MSE is problematic.

Measured data from real hardware will be used to quantify this relationship.

• Demodulator synchronization – A significant aspect of system performance is the

acquisition and tracking of the demodulator's carrier and timing recovery loops.  This

is another area in which measured data from real hardware is most convincing, and

we plan to employ this approach in future work.

• Two-ray multipath model – Several excellent papers have shown that a three-ray

model offers a better representation of real channels.  This also an area which we

hope to explore with actual hardware.

• Channel dynamics – We have assumed in these results that the channel is static.

Future results will explore how performance changes under dynamic channel

conditions.  In particular, the interaction of channel dynamics with equalizer tracking

and demodulator synchronization calls for more research.

• Acquisition behavior – The initialization of the taps to wo using the Weiner-Hopf

equation is a convenient shortcut, but clearly represents an ideal performance bound.

Further analysis is required to determine the extent to which actual acquisition

deviates from this optimum solution.

• Static taps – In the results presented here, the equalizer taps are initialized with the

Weiner-Hopf equation and left fixed.  Again, this represents a performance bound,

but additional work is required to explore the effect of allowing the taps to vary

dynamically.
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Figure 7.  MSE as a Function of Notch Position, 2 Mbps and 4 Mbps.
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Figure 8.  MSE as a Function of Notch Position, 8 Mbps and 16 Mbps.
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Figure 9.  MSE Improvement as a Function of Notch Position, 4 Mbps and 16
Mbps.
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ABSTRACT 
 
For faster acquisition in bursted environments for SMS (Short Messaging Service) and 
other lower-bit rate applications, non-coherent detection techniques are proposed.  Non-
Coherent detection demodulators are proposed because faster acquisition capability in 
bursted environments can result in a reduced amount of preamble bits in the messaging 
frame, i.e. less overhead, resulting in an effective increase in spectral efficiency.  
Reducing the preamble can also provide performance enhancement opportunities for 
Feher Quadrature Phase Shift Keying (FQPSK) [1] and for other systems.  The preamble 
can also be varied to provide for better Bit Error Rate (BER) performance.  The lower bit 
rate environment also gives the opportunity to employ simpler architectures in lieu of 
preamble modification.  Several non-coherent detection alternatives are described. 
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INTRODUCTION 

Non-coherent detection methods can be better suited than coherent detection for low bit 
rate systems requiring fast acquisition particularly in bursted and frequency selective 
environments.  An example of a widely known low bit rate system is the Short 
Messaging Service (SMS) employed for cellular telephone systems [2-4].  Due to the 
nature of the SMS system, particularly its bursted nature, non-coherent architectures with 
a reduced size of the preamble bits in the messaging frame is essential for 
implementation. 
 
Reducing the size of the preamble bit streams subsequently allows for an effective 
increase in spectral efficiency.  However, for conventional non-coherent systems, the 
preamble provides a tradeoff between the spectral efficiency and the BER.  This is 
illustrated in Fig. 1.  One can use this feature advantageously to provide an optimum 
design for a particular environment [5,6].  Another method of maintaining performance 
of the non-coherent system is to employ Maximum Likelihood Sequence Estimation 
(MLSE) or Viterbi Algorithm (VA) methods in the receiver design [7-9].  However, this 
introduces complexity into the system, thus affecting reliability and cost. 
 
This paper suggests that non-coherent FQPSK methods, proposed in this paper, can offer 
superior performance to coherent techniques for these bursted systems.  A more 
ambitious goal of determining a non-coherent architecture, which nearly matches the 
Block Error Rate (BLER) or possibly the Bit Error Rate (BER) performance of coherent 
systems in an Additive White Gaussian (AWGN) environment, while maintaining better 
performance in a bursted environment is proposed.  Several architectures will be 
examined to illustrate these concepts.   
 
 

TRADITIONAL APPROACHES 
 
From a reading of the recent literature regarding non-coherent implementations of 
Continuous Phase Modulation (CPM) or other structures [7-10], the ideas presented have 
focused on various combinations of differential detection, limiter discriminator 
architectures with MLSE or VA implementations.  The ideas start with the relatively 
simple architectures of differential detection and limiter discriminators, which provide 
sub-optimal performance, and upgrade the designs with the incorporation of MLSE and 
VA, which significantly improve the BER performance but also add to the overall system 
complexity.  Fig. 2 [8] and Fig. 3 [9] are examples of simpler architectures which can be 
modified with MLSE or VA.  The incorporation of MLSE or VA brings the performance 
to within approximately 3 dB (at approximately 10-4 BER) of coherent architecture 
performance in an AWGN environment.  With the manipulation of the preamble, the 
performance can be improved further [5], however, this may be unacceptable for SMS 
designs and spectral efficiency requirements, which may require smaller preamble 
lengths. 
 
 



 

NOVEL APPROACHES 
 
More novel approaches, which address the complexity versus performance issues, are 
proposed.  The need for superior performance in both an AWGN and a bursted 
environment influences our design.  Two architectures and a combination of them are 
proposed as potential solutions.   
 
The first architecture is the “comparator-counter” method.  This system utilizes a 
comparator in conjunction with a digital counter.  The comparator is used to detect the 
“zero crossings” while the digital counter detects the number of crossings.  This 
architecture was originally intended for Frequency Shift Keying (FSK) modulation 
schemes [11], but can be extended to Phase Shift Keying schemes [12] as well.  Fig. 4 
[13-15] shows a block diagram illustrating a quadrature implementation of the 
comparator-counter system.   
 
The main benefit of this system is the simplistic architecture with good BER performance 
in a bursted environment.  Although the overall BER performance in an AWGN 
environment may be good and comparable to the traditional methods presented earlier, it 
may not approach the performance of coherent systems.   
 
The second novel architecture to present, is “Virtual Diversity”.  This architecture is 
illustrated in Fig. 5 [15].  This system can employ multiple carriers with equally spaced 
frequency offsets: 
 
∆f = ω1 – ω2 = ω2 – ω3 = ωn-1 – ωn etc.  
 
or other formats (i.e. non-equally spaced frequency offsets) to obtain optimum system 
performance.  A diversity switch (a component of the NRED block in the figure) is used 
to determine the best performing “branch” or path.  If the diversity switch presents a 
seamless transition without causing further errors, this demodulator will perform well in 
both AWGN and other environments.  The main advantage of this system is that its 
performance in an AWGN environment is comparable to coherent systems while 
maintaining good performance in bursted or frequency selective environments.  
However, complexity becomes an issue if bursted environments are the dominate feature 
and thus force the designer to implement many carriers in the system architecture.   
 
A solution to this dilemma is a combination of both the Comparator-Counter and Virtual 
Diversity methods to create a system, which mitigates the weaknesses inherent in each of 
these architectures to form a more robust system which provides for good BER 
performance in both AWGN and bursted environments without implementing any 
significant complexity to the system.  Fig. 6 [15] illustrates a block diagram with the 
combination of the Virtual Diversity and Comparator-Counter implementations to form 
the single robust structure, which meets the needs of a shorter preamble (for spectral 
efficiency and use in SMS systems) and provides good system performance in both 
AWGN and bursted environments. 



 

CONCLUSION 
 
The goal of providing non-coherent demodulator structures, which are capable of 
achieving superior BER performance with a reduced amount of preamble bits in both 
AWGN and bursted environments has been presented for further study.  The result of the 
preamble reduction results in less overhead and increased spectral efficiency.  Thus a 
non-coherent FQPSK architecture with superior characteristics to conventional non-
coherent and coherent structures has been proposed. 
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Fig. 1:  Illustration of advantage provided by the Novel Non-Coherent architectures, 

which results in preamble reduction for effective spectral efficiency improvement. 
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Fig. 2:  Illustration of a non-coherent demodulator structure with a Limiter Discriminator 

(LD) architecture and 2-threshold detection comprising a traditional approach. 
[7,8] 
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Fig. 3:  Another example of a traditional non-coherent approach using Differential 

Detection [9]. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 4:  Illustration of a novel approach to non-coherent design with block diagram of 

proposed Virtual Diversity system using multiple “free-running” carrier 
frequencies.  The frequencies are spaced at a distance of ∆f depending upon the 
requirements for the design [1,15]. 
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Fig. 5:  Novel noncoherent architecture employing Comparator-Counter method with a 

quadrature structure [11-14]. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 6:  Novel noncoherent demodulator architecture utilizing both the Virtual Diversity 

and Comparator-Counter structures for improved performance and reduced 
complexity [15]. 
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ABSTRACT

A noncoherent receiver for the general case ofM -ary partial response multi-h continuous phase mod-
ulation (CPM) is presented. The receiver operates on the principle of sequence estimation via the Viterbi
Algorithm (VA). It offers a significant complexity reduction from the optimal coherent maximum likeli-
hood sequence estimating (MLSE) receiver. The performance of the receiver is evaluated with computer
simulations. It performs at a loss of1–6 dB relative to the MLSE receiver for the CPM schemes considered
in the simulations. The receiver shows promise in applications requiring reduced complexity and use of
existing hardware.

INTRODUCTION

The Advanced Range Telemetry (ARTM) Tier II modulation format is multi-h CPM. Some of the
attractive features of this modulation format are that it has constant envelope and narrow bandwidth [1].
The optimal MLSE receiver for CPM [2] has complexity that is a function of the modulation indiceshi,
symbol alphabet sizeM , and pulse lengthL. The complexity, i.e. the number of states in the trellis and
number of matched filters (MFs), can be large depending on the specific CPM parameters. The MLSE
receiver has the additional requirement of coherent detection.

Much of the existing hardware intended for use with PCM/FM can be used to demodulate CPM.
This approach is a suboptimal method. A receiver of this type is presented which addresses the above
difficulties with the MLSE receiver. It is noncoherent, and operates directly on the output of an FM
demodulator (FMD). It applies sequence estimation using the VA. Its complexity is independent of the
modulation indices, which offers a significant complexity reduction in most cases; the downside of this is



that it does not take advantage of the performance gains of multi-h over single-h. The receiver performs at
a loss of1–6 dB relative to the MLSE receiver for the CPM schemes considered in the simulations. These
characteristics make the receiver an attractive alternative in applications where sufficient link margin is
present and where reduced complexity and use of existing hardware are desired.

In the following, the CPM signal is described. The MLSE receiver is summarized and the nonco-
herent receiver is presented. The relative performance of the two receivers is evaluated with computer
simulations. The results are summarized and conclusions are presented.

SIGNAL DESCRIPTION

CPM refers to a general class of digitally modulated signals in which the phase is constrained to be
continuous. The carrier modulated signal may be expressed as

s(t) =

√
2E
T

cos
(
2πfct + φ(t, α)

)
(1)

whereT is the length of the basic signaling interval,E is the signal energy during that interval, andfc is
the carrier frequency in Hz. The time-varying phase termφ(t, α) is defined as

φ(t, α) = π

∫ t

−∞

n∑
i=−∞

αihig(τ − iT ) dτ nT < t ≤ (n + 1)T (2)

φ(t, α) = π

n∑
i=−∞

αihiq(t− iT ) (3)

where{αi} is the sequence ofM -ary information symbols with possible values±1,±3, . . . ,±(M − 1),
{hi} is the sequence of modulation indices,g(t) is the normalized frequency pulse shape, andq(t) =∫

g(τ) dτ is the phase pulse.
A special case is whenhi = h for all i. In this case the modulation index is fixed for all symbols. The

general case, when the modulation index varies from symbol to symbol, is calledmulti-h. In the multi-h
case, the modulation indexhi cycles through a fixed set of values.

The frequency pulseg(t) is non-zero only in the interval0 ≤ t ≤ LT . WhenL = 1, the CPM signal is
calledfull response CPM. WhenL > 1, the CPM signal is calledpartial response CPM. The phase pulse
q(t) is constrained to

q(t) =





0 t < 0∫ t

0
g(τ) dτ 0 ≤ t ≤ LT

1 t > LT.

(4)

The information-carrying phaseφ(t, α) can be written as

φ(t, α) = π

n∑
i=n−L+1

αihiq(t− iT ) + π

n−L∑
i=−∞

αihi mod2π (5)

= θ(t, αn) + θn. (6)



The phaseφ(t,α) is defined by the correlative state vectorαn = (αn−1, αn−2, . . . , αn−L+1) and the phase
stateθn. The number of correlative phase states isML−1. Forhi = 2ki/p (ki, p integers), the phase state
θn takes onp distinct values0, 2π/p, 2 · 2π/p, . . . , (p− 1)2π/p. The total state is described by theL-tuple
σn = (θn, αn−1, αn−2, . . . , αn−L+1) and the number of states ispML−1.

MAXIMUM LIKELIHOOD SEQUENCE ESTIMATING RECEIVER

The MLSE receiver is described in detail in [2]. The receiver selects as its output the sequenceα̂ that
maximizes the log likelihood function

Λ(α) = ln
(
pr(t)|α̂(r(t) | α)

) ∼ −
∫ ∞

−∞

(
r(t)− s(t, α)

)2
dt (7)

=

∫ ∞

−∞

(−r2(t) + 2r(t)s(t, α)− s2(t, α)
)

dt. (8)

Since the received signalr(t) is not a function ofα̂, ands(t, α̂) is constant-envelope, it is equivalent to
maximize the correlation

J(α̂) =

∫ ∞

−∞
r(t)s(t, α̂) dt. (9)

Computing this correlation for all possiblêα is not feasible in practice, even for reasonably short data
bursts. It is possible to computeJ(α̂) recursively, by defining

Jn(α̂) =

∫ (n+1)T

−∞
r(t)s(t, α̂) dt (10)

= Jn−1(α̂) + Zn(α̂n, θ̂n) (11)

where

Zn(α̂n, θ̂n) =

∫ (n+1)T

nT

r(t) cos
(
2πfc + θ(t, α̂n) + θ̂n

)
dt. (12)

Zn(α̂n, θ̂n) can be viewed as the output of a filter sampled att = (n + 1)T , the input to the filter being
r(t). Over each symbol interval, the receiver correlates the received signal with every possible transmitted
sequence (there arepML possibilities). By applying trigonometric identities,Zn(α̂n, θ̂n) can be expressed
as [2]

Zn(α̂n, θ̂n) = cos(θ̂n)

∫ (n+1)T

nT

Î(t) cos
(
θ(t, α̂n)

)
dt

+ cos(θ̂n)

∫ (n+1)T

nT

Q̂(t) sin
(
θ(t, α̂n)

)
dt

+ sin(θ̂n)

∫ (n+1)T

nT

Q̂(t) cos
(
θ(t, α̂n)

)
dt

− sin(θ̂n)

∫ (n+1)T

nT

Î(t) sin
(
θ(t, α̂n)

)
dt

(13)
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Figure 1: Noncoherent receiver structure

with Î(t) andQ̂(t) being the received quadrature components

Î(t) =

√
2E
T

I(t) + x(t)

Q̂(t) =

√
2E
T

Q(t) + y(t)

(14)

whereI(t) andQ(t) are the transmitted quadrature components andx(t) andy(t) are additive noise. This
structure forZn(α̂n, θ̂n) can be interpreted as4ML baseband filters.

Since everyα̂n has a corresponding−α̂n, andcos(−ψ) = cos(ψ) and sin(−ψ) = − sin(ψ), the
number of filters can be reduced by a factor of two, for a final count of2ML matched filters. The out-
puts of these filters are sampled at the end of each symbol interval to produce the metricsZn(α̂n, θ̂n)

in (13). These branch metrics are added to the appropriate cumulative metricsJn−1(α̂) in (11), and the
sequencêα corresponding to the largest metric finalJ∞(α̂) is the maximum likelihood estimate of the
transmitted sequenceα. In the following, the receiver complexity will be referenced by the ordered pair
(number of states, number of MFs), i.e. (512, 128). The general expression for the MLSE receiver com-
plexity is (pML−1, 2ML).

NONCOHERENT SEQUENCE ESTIMATING RECEIVER

A noncoherent receiver can be derived with a similar structure. The receiver consists of a bandpass
filter, an FMD, and Viterbi processor, as shown in Figure 1. The output of the FMD is modeled as

y(t) = w(t) + ν(t) (15)

wherew(t) is the signal element andν(t) is additive noise. Ignoring the effect of filtering and noise for
a moment, the ideal output of the FMD is the time-derivative of the transmitted signal’s phase, i.e. the
instantaneous frequency

φ̇(t, α) = θ̇(t, αn) (16)

= π

n∑
i=n−L+1

αihiq̇(t− iT ) (17)

= π

n∑
i=n−L+1

αihig(t− iT ) (18)



where the dot notation indicates the time derivative. The instantaneous frequencyφ̇(t, αn) forms a trellis
that is defined alone by the correlative state vectorαn = (αn−1, αn−2, . . . , αn−L+1). This is because the
phase stateθn is not a function of time and thus has a derivative of zero. The memory in the modulation
(L), and the memory of the filter both have the effect of introducing intersymbol interference (ISI). If the
impulse response of the bandpass filter has a durationLF T , then the combined memory of the modulation
scheme and the filter isL + LF symbols. Now the effect of filtering can be included. The signalw(t) is
the noiseless result of passing the transmitted signals(t) through the bandpass filter and FMD. There are
ML+LF possibilities forw(t): ML+LF−1 states andM branches at each state [3].

The noise at the output of the FMDν(t) is viewed as being additive white Gaussian noise in order to
motivate the analysis. The Gaussian assumption is not true in general but is reasonable and has been used
previously [2, 3]. With this assumption in place, the Viterbi algorithm finds theα̂ that maximizes the log
likelihood function

Λ(α) ∼ −
∫ ∞

−∞

(
y(t)− w(t, α)

)2
dt (19)

=

∫ ∞

−∞

(−y2(t) + 2y(t)w(t, α)− w2(t, α)
)

dt. (20)

They2(t) term can be ignored in the maximization because it is not a function ofα̂. The other terms can
be expressed recursively in terms of a cumulative metricJn(α̂), a branch metricZn(α̂n), and a signal-
squared termS(α̂n)

Jn(α̂) =

∫ (n+1)T

−∞
y(t)w(t, α̂) dt− 1

2

∫ (n+1)T

−∞
w2(t, α̂) dt (21)

= Jn−1(α̂) + Zn(α̂n)− S(α̂n) (22)

where

Zn(α̂n) =

∫ (n+1)T

nT

y(t)w(t, α̂n) dt (23)

S(α̂n) =
1

2

∫ (n+1)T

nT

w2(t, α̂n) dt (24)

The branch metricZn(α̂n) can be viewed as the output of a filter sampled att = (n + 1)T , the input
to the filter beingy(t). Due to the positive/negative symmetry of sine and cosine (and thusw(t, α̂)), the
total number of filters needed in the VA isML+LF /2. The termS(α̂n) is a function alone of theL + LF

symbols associated with theML+LF branches in the trellis, thus theML+LF /2 possible values can be
computed offline and stored in memory. Since the receiver uses noncoherent demodulation and applies
sequence estimation, it is referred to as the NCSE receiver.

An approximation can be made to the NCSE receiver by ignoring to some degree the ISI introduced by
the bandpass filter. The complexity can be reduced by selectingL′F ≤ LF , and letting the number of states
in the trellis beML+L′F−1 and the number of MFs beML+L′F /2. The receiver is referred to as NCSE(L′F )

and its complexity is expressed by(ML+L′F−1,ML+L′F /2).
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Figure 2: a) Comparison of 3 receivers for spectrally similar multi-h (solid lines) and single-h (dashed lines)

schemes. Multi-h: M = 4, 3RC with h = {4/16, 5/16}. Single-h: M = 4, 3RC with h = 1/4. For multi-h,

NCSE(1) has6 dB loss relative to MLSE at BER =10−6, and NCSE(0) has additional loss of1 dB. The2.5 dB gain

of the coherent multi-h over the single-h is lost when using noncoherent detection. b) Comparison of 4 receivers for

binary MSK, the bandpass filter length isLF = 2. At BER = 10−6, NCSE(2) has a loss of only1 dB relative to

MLSE. The NCSE(0) (which is just a MF in this case) has a loss of5 dB.

SIMULATION RESULTS

A few simulation test cases are presented to compare the performance of the noncoherent receiver with
the coherent MLSE receiver. Any given CPM scheme can be specified by giving the values ofM (the size
of the signal alphabet, i.e. binary,4-ary, etc.),L (the length of the pulse in terms of symbol intervals), the
pulse shape (raised cosine, rectangular), and the values ofhi.

The first CPM scheme considered in the simulations isM = 4, 3RC withh = {4/16, 5/16} (meaning
L = 3, raised cosine pulse, and twohi’s: 4/16 and5/16). The bandpass filter has a1RC impulse response
(raised cosine impulse response with lengthLF = 1). Three different receivers were simulated: coherent
MLSE, NCSE(1), and NCSE(0). The receivers have a complexity of(512, 132), (64, 128), and(16, 32)

respectively. The results are shown in Figure 2 a). Of the six curves shown, the three solid curves are
for this multi-h scheme using the three receivers. The multi-h scheme is compared to a spectrally similar
single-h scheme (M = 4, 3RC withh = 1/4), which corresponds to the three dashed curves. Comparing
the 3 solid curves first, it is observed that at a BER of10−6, NCSE(1) has a6 dB loss relative to MLSE,
and NCSE(0) has an additional loss of1 dB.



Comparing the multi-h and single-h schemes (solid and dashed lines respectively), in the coherent
MLSE case, a gain of2.5 dB (at BER =10−6) is obtained by using the multi-h scheme over the single-
h scheme, both of which have similar spectral occupancy. This comes with a complexity increase of
(512, 128) for multi-h over (128, 128) for single-h. For the NCSE(L′F ) this multi-h performance gain is
largely lost. This is because multi-h schemes have the effect of increasing the phase distance between
different paths through the phase trellis. This additional phase distance is lost when the signal is passed
through the FMD, which accounts for the very similar noncoherent performance of the multi-h and single-
h schemes (the tight grouping of the four curves in Figure 2 a). This result is not surprising since the
complexity of the noncoherent receivers is the same for both single-h and multi-h (i.e. the complexity is
independent of the choice ofhi, not so with MLSE) ; the performance gain would not be expected without
an increase in complexity.

The second CPM scheme considered in the simulations isM = 2, 1REC withh = 1/2, commonly
known as binary MSK (rectangular pulse shape). The bandpass filter in this case was given a2RC impulse
response. Four receivers were simulated: MLSE, NCSE(2), NCSE(1), and NCSE(0). These receivers
have complexity of(4, 4), (4, 4), (2, 2), and(0, 1) respectively. The results are shown in Figure 2 b).
At BER = 10−6, the overall spread between the best (MLSE) and the worst (NCSE(0)) is 5 dB. The
NCSE(0) is simply one MF for this CPM scheme. Also of note is that the NCSE(2) receiver is only
slightly more than1 dB worse than the MLSE receiver. This is a small performance tradeoff from coherent
to noncoherent detection (the two have the same trellis complexity otherwise).

DISCUSSION AND CONCLUSIONS

The NCSE receiver presented here is a viable alternative to the existing MLSE receiver. In most cases
it has significantly lower complexity and it does not require coherent detection. The performance loss rel-
ative to the MLSE receiver is a function of the particular CPM scheme used. In the simulations presented
here, the performance loss ranged from1–6 dB. This degree of loss is tolerable in applications where the
selection of CPM is motivated more by spectral usage concerns than by link margin concerns and where
lower complexity is desired. The NCSE receiver also allows for the use of existing FM demodulators.

One area of future work may be in the selection of the bandpass filter used in front of the FMD. This
could be done in such a way as not to introduce additional ISI, and therefore not increase the complexity
of the NCSE receiver. There are also complexity reductions that can be applied to reduce the size of the
trellis due to the ISI introduced by the modulation [2]. Work can also be done in deriving an analytical
expression for the performance of the noncoherent receiver. This might uncover additional insights beyond
those found in the simulations presented here.
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ABSTRACT

The performance of multi-h CPM over multipath interference channels is evaluated with computer
simulations using the optimal coherent receiver and a suboptimal noncoherent receiver. For channels with
high-amplitude short-delay multipath reflections, the simulations show that both receivers reach an error
floor in their performance as the amplitude of the multipath reflections grows. The rate of degradation for
the noncoherent receiver is worse than for the coherent receiver. For channels with low-amplitude long-
delay reflections the coherent and noncoherent receivers had losses of1 dB and3 dB respectively relative
to their respective unfaded performance.

INTRODUCTION

The Advanced Range Telemetry (ARTM) Tier II waveform is multi-h CPM. Some of the attractive
features of this modulation format are that it has constant envelope and narrow bandwidth [1]. The ARTM
Tier II CPM variant has a4-ary symbol alphabet, it uses a raised cosine frequency pulse spanning 3 symbol
intervals, and has modulation indices4/16 and5/16. A challenge facing the receiver in most instances
is multipath interference. The objective of this work is to evaluate the performance of the ARTM Tier II
waveform over a multipath channel where the received signal consists of a direct component, a multipath
component, and additive noise, modeled by

r(t) = s(t)︸︷︷︸
direct component

+ Γs(t− τ)︸ ︷︷ ︸
multipath component

+ n(t)︸︷︷︸
noise

. (1)



In Equation (1),s(t) is the transmitted signal andr(t) is the received signal. The multipath component
is delayed byτ seconds and attenuated by the complex-valued reflection coefficientΓ. The physics of
the model imply that the reflected signal is weaker than the original signal. This in turn implies that the
magnitude ofΓ is less than unity [2, 3, 4]. Two special cases of this channel are considered in this work.
The first is where the delay is short relative to the symbol intervalT (i.e. τ < T ), and the multipath
reflection is strong (i.e.Γ is close to unity). The second is where the delay is long, perhaps several
multiples ofT , and the reflection is weak,Γ ≤ 0.1.

The ARTM Tier II waveform is simulated over these two channels using the optimum coherent max-
imum likelihood sequence estimating (MLSE) receiver presented in [5], and the suboptimal noncoherent
sequence estimating (NCSE) receiver presented in [6]. The NCSE receiver has a filter which introduces
an additionalLF symbols of intersymbol interference (ISI). This is above and beyond the ISI introduced
by the CPM modulation. To account for this, the NCSE receiver has a design parameterL′F ≤ LF which
determines the size of the demodulator’s trellis and ultimately the receiver complexity. By allowingL′F to
be less thanLF , the receiver can ignore this additional ISI to some degree and have reduced complexity
at the expense of performance. In this caseL′F = LF = 1. The receiver is referred to as NCSE(1). The
simulation results for these two channel cases are presented in the following two sections.

STRONG REFLECTION SHORT-DELAY

The first channel case is referred to as the strong-short channel. The model for the reflection coefficient
is Γ = |Γ|ejφ. The phaseφ determines the location of the null in the channel response [2, 3, 4]. The
magnitude ofΓ determines how deep the null is. This is shown in Figure 1. In the Figure, the delay is
τ = 0.2T and the reflection coefficient isΓ = 0.9e−j0.85π, where the phase was set to−0.85π to position
the null just above carrier frequency.

The performance of the ARTM Tier II multi-h waveform was simulated over this channel with|Γ|
ranging from small to large,|Γ| = 0.1, 0.2, · · · , 0.9. The weaker values of|Γ| are included in the sim-
ulation to show what happens as|Γ| increases. The nine performance curves (one for each increasing
value of|Γ|) are shown for both receivers in Figure 2. The curves show that the receiver performance is
significantly degraded as|Γ| increases. For the MLSE receiver, the curves for|Γ| = 0.1, 0.2, 0.3, and0.4

(the four smallest values) are closely grouped together as seen in Figure 2 a). The curves for the four
largest values of|Γ| (0.6, 0.7, 0.8, and0.9) are also closely grouped together with a considerable distance
between the two groups. The|Γ| = 0.5 curve is separate from both groups. The degradation is especially
bad considering that each of the four curves in the large|Γ| group reaches its own error floor in which
the BER does not go to zero asEb/N0 goes to infinity. There are also several anomalies in this group
of curves. In particular, the|Γ| = 0.6 curve flattens out and actually performs worse than the|Γ| = 0.7

curve at the higher values ofEb/N0. This particular combination of magnitude and phase for the reflection
coefficient have a particularly strong effect on the phase trellis of the signal. This causes different paths
through the trellis to be more easily confused with one another resulting in more errors.

The set of curves for the NCSE(1) receiver are shown in Figure 2 b). They are somewhat different than
those for the MLSE case in that they are much more evenly distributed and do not cross over one another.



At BER = 10−5, the NCSE(1) receiver operates at a loss of6 dB relative to the MLSE receiver for the
smaller values of|Γ| and increases to9 dB for |Γ| = 0.5. The receivers also have different error floors. A
simplified version of the noncoherent receiver, called NCSE(0) [6], showed an additional1 dB loss over
the NCSE(1) receiver which is consistent with earlier findings, these curves are not shown here.

Figure 3 shows the performance loss of the two receivers verses increasing|Γ|. The loss is measured
relative to the unfaded performance of the MLSE receiver [6]. The Figure illustrates how large the losses
become as|Γ| increases, and also how the performance gap between the two receivers grows. As|Γ|
increases beyond 0.5 the losses become infinite for both receivers.

WEAK REFLECTION LONG-DELAY

The second case considered is the weak-long channel. The effect this type of channel has on the
transmitted signal is shown in Figure 4. In the Figure, the delay isτ = 2T and the reflection coefficient is
Γ = 0.1ej0.85π. The channel produces a minor attenuation across much of the bandwidth of the signal.

The ARTM Tier II waveform was simulated over this channel with these same channel parameters.
These results are shown in Figure 5. At BER =10−5, the MLSE receiver suffers a1 dB loss relative to its
unfaded performance. At the same BER level, the NCSE(1) receiver has a degradation of3 dB relative to
its unfaded performance, and8 dB relative to the faded MLSE performance. . In addition to theτ = 2T

case shown in Figure 5, simulations were also performed forτ = 3T and τ = 4T . For these longer
delays, both receivers had nearly identical performance as theτ = 2T case. These additional curves are
not shown.

DISCUSSION AND CONCLUSIONS

The performance of the ARTM Tier II multi-h CPM waveform was simulated over two multipath
interference channels: one with strong multipath reflection and a short delay, and one with weak reflection
and a long delay. The simulations included two receivers: the optimal coherent MLSE receiver, and a
suboptimal noncoherent receiver.

In the first case, the simulations found that the performance of both receivers was very poor as evi-
denced by the observed error floor. In addition, the performance gap between the two receivers increased
from 6 dB for weaker multipath reflections, to9 dB for moderate reflections. This increasing gap implies
that the noncoherent receiver becomes a less feasible alternative to the MLSE receiver as the multipath
reflections grow stronger; BUT, the simulations also assumed that perfect carrier phase information was
available for the MLSE receiver, and that perfect symbol timing was available for both receivers. In
a practical system, the loss of carrier phase lock under strong multipath interference would disable the
MLSE receiver, while the noncoherent receiver could still produce some output. In the second case, the
MLSE receiver suffered only a1 dB loss relative to its best performance, while the noncoherent receiver
suffered a3 dB loss relative to its best performance. This indicates that the MLSE receiver’s performance
is degraded less by weak multipath reflections with long delay than the performance of the noncoherent
receiver.
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Figure 1:Comparison of multi-h CPM signal before and after passing through the strong-short channel. Channel

parameters:Γ = 0.9e−j0.85π, τ = 0.2T . Multi-h parameters:M = 4, 3RC withh = {4/16, 5/16}.
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Figure 2:a) Performance of multi-h CPM using MLSE receiver over strong-short channel. The nine curves are for

|Γ| = 0.1, 0.2, · · · , 0.9. b) Performance using NCSE(1) receiver for same range of|Γ|. The performance difference

between the two receivers at BER =10−5 increases from6 dB to9 dB as|Γ| increases.
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ABSTRACT 
 
This paper presents noncoherent limiter-discriminator detection and differential detection of FQPSK 
(Feher quadrature phase-shift-keying) with maximum-likelihood sequence estimation (MLSE) 
techniques. Noncoherent FQPSK systems are suitable for fast fading and cochannel interference 
channels and channels with strong phase noise, and they can offer faster synchronization and reduce 
outage events compared with conventional coherent systems. In this paper, both differential detection 
and limiter-discriminator detection of FQPSK are discussed. We use MLSE with lookup tables to 
exploit the memory in noncoherently detected FQPSK signals and thus significantly improve the bit 
error rate (BER) performance in an additive white Gaussian noise (AWGN) channel.  
 
 

KEY WORDS 
 
Noncoherent detection, FQPSK (Feher quadrature phase-shift-keying), differential detection, limiter-
discriminator (LD) detection, maximum-likelihood sequence estimation (MLSE) 
 
 

INTRODUCTION 
 

In wireless channels with large Doppler spread or fast fading ( 01.0>>>>bDTf ), cochannel interference, 
strong phase noise, it is difficult to track the carrier frequency of the received signal correctly. To 
resolve this problem, noncoherent detection schemes are preferred. Noncoherent systems have faster 
synchronization and better performance in large Doppler spread, cochannel interference, and strong 
phase noise environment and can reduce burst errors and outages for relatively low data rate CDMA 
and TDMA (including GSM) systems [2].  
 

FQPSK [1]-[7] is a spectrally efficient form of offset quadrature-shift-keying (OQPSK) with pulse 
shaping to reduce spectral sidelobes. The spectral efficiency of FQPSK can be 2 times that of 
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Gaussian minimum-shift-keying (GMSK) and 3 times that of the pulse code modulation/frequency 
modulation (PCM/FM) telemetry systems [6][7]. Because of this, FQPSK could double the 
capacities of many currently operational nonlinearly amplified systems. The filtered version of 
FQPSK, or FQPSK-B, has been adopted in IRIG telemetry standard 106-00 [8] and recommended by 
International Consultative Committee for Space Data Systems (CCSDS) and NASA for use in high 
data-rate transmissions [4][9].  

 

Noncoherent limiter-discriminator detection and differential detection of FQPSK has been proposed 
in [3]. In this paper, we present research that was not included in [3], including FQPSK noncoherent 
detection with maximum-likelihood sequence estimation (MLSE)/maximum-likelihood sequence 
detection (MLSD).  

 
 

DIFFERENTIAL DETECTION AND LIMITER -DISCRIMINATOR DETECTION OF 
FQPSK 

 

The transmitter and receiver block diagrams of differential detection and limiter-discriminator 
detection of FQPSK are illustrated in Figure 1 (a) - (c) [3][10]. 
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Figure 1. FQPSK noncoherent detection block diagrams. (a) Transmitter. (b) Differential detector. (c) 
Limiter-discriminator detector.  

 
Figure 1 (b) illustrates the differential detection of FQPSK. It is shown in [10] that signal y(t) at the 
output of the low pass filter in Figure 1 (b) can be written as 
 



 )(cos)()(
2
1

)( ττ ∆Φ−−−−==== tAtAty ,             (1) 

where )(tA  is the signal envelope after IF filter, )(τ∆Φ  represents the change over τ of the received 
signal phase plus the change in phase noise caused by the narrow-band noise. 
 
Assume the IF bandpass filter does not distort the received signal while band-limiting the additive 
white Gaussian (AWGN) noise. Consider three consecutive input data, e.g., 100, 011, …, over 
duration 2T. If we differentially encode the input data in transmitter so that in both I and Q channels, 
data “1” is mapped to a bit transition, and “0” is mapped to no bit transition, we will have a definite 
relationship between the NRZ input data sequence, )2( T∆Φ , and y(t), as shown in Table 1.  
 
 

Data sequence input to 
FQPSK signal processor 

Middle 

Bit 

 

)2( T∆Φ   

 

y(t) 

000, 101 0 0 1/2 

100, 001 0 ±45° 42  

010 1 ±90° 0 

110, 011 1 ±135° 42−−−−  

111 1 ±180° -1/2 

Table 1. 2-bit differential detection of FQPSK. 

 
From Table 1, we can see that, when the middle bit of the 3 data is 0, )(ty  at the output of the post-

detection lowpass filter (Equation (1) with τ=2T) will be 1/2 or 42 ; which are larger than 0; when 

the middle bit is 1, )(ty  will be 0, 42−−−− , or -1/2, which are equal to or smaller than 0. 
Complementary input data sequences do not produce antipodal values of )2(cos T∆Φ , and that 
results in the asymmetrical eye patterns of FQPSK after the 2-bit differential detection [10]. 
Therefore, if bit-by-bit threshold detection is used, a dc bias u has to be added, and the decision rule 
is: decide a “1” is transmitted if )(ty > u, and “0” otherwise. The decision scheme is illustrated in 
Figure 5 (a). Since the systems we discuss here are nonlinearly amplified, it is difficult, if not 
impossible, to find an analytical optimum value for u. In the computer simulation, the non-zero 
thresholds for FQPSK-B with differential detection were chosen by trial and error to minimize the 
required ob NE  for a BER of 410− . 
 
The differential encoders in the in-phase (I) channel and the quadrature (Q) channel are: 
 
     11 −−−−−−−− ⊕⊕⊕⊕==== kkk DIIDI , and 

     11 −−−−−−−− ⊕⊕⊕⊕==== kkk DQQDQ ,             (2) 
 



where kI  and kQ  are the data in the I and Q channels after serial to parallel conversion, and kDI  and 

kDQ  are the outputs of the two differential encoders. Using Equation (2), data “1” is mapped to a bit 
transition and “0” is mapped to no bit transition. Figure 2 shows the result of this mapping. 
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Figure 2. Illustrative phase diagram of FQPSK and the mapping result of Equation (2). After 
differential encoding, data “1” is mapped to a bit transition and “0” is mapped to no bit transition. 
Note FQPSK signal has quasi-constant envelope. 

 
The transmitter structure of FQPSK systems with limiter-discriminator detection is the same as the 
one shown in Figure 1 (a). The detector is illustrated in Figure 1 (c). If the frequency discriminator is 
implemented by delay-and-multiply method, where the IF FM signal multiplies a replica of itself 
with a short delay τ and phase shift of 90°, it can be shown [10] that  
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where A is the signal envelope after limiter discriminator. Figure 3 shows the FQPSK signal and its 
eye pattern after limiter-discriminator. 
 
 

(a)   (b) 
Figure 3. Hardware demonstrated FQPSK-B instantaneous frequency and its eye diagram. Computer 
simulation resembles the measured result. 



If a bit-by-bit threshold detector is used after the frequency discriminator, according to the 
differential encoders defined in (2), the decision rule is: decide a “1” if the magnitude of the signal at 
the output of the frequency discriminator is larger than a threshold v; decide a “0” otherwise. The 
decision criterion is illustrated in Figure 5 (b). In the computer simulation, the non-zero thresholds 
for FQPSK-B with limiter-discriminator detection, as in differential detection, were chosen by trial 
and error to minimize the required ob NE  for a BER of 410− .  
 
An integrate-sample-dump (ISD) post-detection filter can be used following the frequency 
discriminator and lowpass filter in Figure 1 (c) to improve the BER performance. Detection decision 
can be made on the resulting integrated frequency, or phase. From (3), the output of the ISD filter 
can be written as 
 

 ∫ ++++1

2

2
N

N

T

T
fdt

A ∆τ
= [[[[ ]]]]NN

A ΦΦ −−−−++++1

2

2
τ

,       (4) 

 
which is proportional to the total phase change during a bit duration. At the output of the limiter-
discriminator and integrate-sample-dump post-detection filter (LD-ISD), FQPSK signals have 5-
level eye diagrams, as illustrated in Figure 4. The decision rules for LD-ISD with bit-by-bit decision 
are similar to that of LD with bit-by-bit decision, and the only difference is the value of the 
thresholds.  
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Figure 4. FQPSK signals after limiter-discriminator (LD) and integrate, sample, and dump (ISD). (a) 
Unfiltered FQPSK. (b) Filtered FQPSK (FQPSK-B).  
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Figure 5. Decision rule for FQPSK with differential detection and discriminator detection. (a) 
Differential detection with bit-by-bit decision. (b) Discriminator detection with bit-by-bit decision. 



MAXIMUM-LIKELIHOOD SEQUENCE ESTIMATION (MLSE): MULTI-BIT 
CORRELATION AND MULTI-BIT VITERBI ALGORITHM (VA) 

 
Simon et al. [4] showed FQPSK could be interpreted as trellis coded modulation (TCM). The eye 
diagrams indicate clearly that FQPSK signals after differential detection or frequency discriminator 
detection have memory [3]. Therefore, maximum-likelihood sequence estimation [12][13] with 
lookup tables is considered in this paper.  
 
Denote the total transmitted sequence as I and the kth m-bit group of the transmitted sequence as 
Ik=[ mmkmkmk III +++ ...21 ]. In Figure 1 (b) and (c), the received signal )(ty  after either differential 
demodulation or limiter-discriminator demodulation is sampled (in the case of LD-ISD, the sampling 
is done with the ISD filter). Denote the total sequence of the received samples as r and the kth m-bit 
group of the received samples as rk=[ mmkmkmk rrr +++ ...21 ]. Ideally, the joint probability of r conditioned 
upon I is [13] 
 

p(r | I)=
k
Π  p(rk | Ik).          (5) 

 
Since it could be difficult to obtain the above probability density function for a nonlinearly amplified 
system with non-constant envelope modulation such as FQPSK, we approximate p(r | I) with the 
joint probability of r conditioned upon the received samples assuming AWGN and fading are absent. 
Denote u as the total received samples when I is passed through a channel without AWGN and 
fading and then noncoherently demodulated. Let uk=[ mmkmkmk uuu +++ ...21 ] be the kth m-bit group of u. u 
(including uk) is a nonlinear functions of I. Therefore, we have  
 

p(r | I) ≈ p(r | u(I))=
k
Π  p(rk | uk (I)).       (6) 

 
Maximization of p(rk | uk (I)) for each k leads to an m-bit correlation algorithm that minimizes the 
following Euclidean distance metrics: 
 

D(rk, uk(I))= ∑+
+=

−
mmk

mkl
ll ur

1

2)( ,          (7) 

 
Therefore, maximizing p(r | u) is equivalent to minimizing 
 

D(r | u)=∑
k

D (rk, uk(I))= ∑ ∑+
+=

−
k

mmk

mkl
ll ur

1

2)( .         (8) 

 
In (8), the outer summation is carried out over all possible values of k. Equation (8) can be computed 
with an m-bit Viterbi algorithm.  
 
Note there are 12 +m  instead of m2  different possible sequences of uk. Because of the phase 
characteristics of FQPSK [3][10], depending on whether an even or odd number of 0’s have been 
transmitted before, for any one of the m2  possible input data sequence In’s, the received sequence uk 



will advance through a path that is symmetrical to each other, which is distinguished with superscript 
0 or 1 (See Figure 6 (b)). Therefore, we have a total of 12 +m  different sequences of uk, which are 
denoted as un=[ mnnn uuu ,2,1, ... ], n=1,…, 12 +m . un is pre-stored in a lookup table U in the receiver. For 
example, for LD-ISD detection with 5-bit correlation (i.e., m=5), corresponding to all of the possible 
input data sequences In, we collect the samples (phases in degree) at the output of the ISD filter and 
form the following lookup table U: 
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79.5-  90.0-  90.0-  90.0-   79.8-
...                         

64.6-   14.4-   0.0      0.0       3.5- 
5.6       0.0      0.0      0.0       3.8- 

79.5    90.0     90.0    90.0     79.8 
...                         

64.6     14.4     0.0      0.0       3.5   
5.6-     0.0      0.0      0.0       3.8   

. 

 
Note U is generated in a noiseless channel without fading, and averaging is needed to obtain un. 
 

MLSE with Multi-bit Correlation Detector 
 
The multi-bit correlation detector then correlates rk that falls in an m-bit sliding window with each un 
(n=1,…, 12 +m ) and finds the In which minimizes the Euclidean distance metric D(rk, un(In)), i.e.:  
 

( )( )[ ] 1

1

2
, 2,...,1,)(minarg,minargˆ ++

+=
=����� −== � mmmk

mkl
lnlnnkk nurD

nn II
IurI       (9) 

 
At last, kÎ  (k=1, 2,…) are combined to form the final estimate of the transmitted signal. 
 

MLSE with Multi-bit Viterbi Algorithm (VA) 
 
The minimization of (8) can be carried out by an m-bit Viterbi algorithm that is illustrated in Figure 6 
(a). Denote the nth state of the 12 +m  possible states as sn= ind

mnnn III ]...[ ,2,1, , n = 1, 2, …, 12 +m . The 

state transition diagram is illustrated in Figure 6 (b).  
 
The nth row of the lookup table U (or un) corresponds to the state sn. The initial distance metric for 
the state sn is  

( ) ∑
=

−=
m

l
lnln urDM

1

2
,11, )(I ,  n = 1, 2, …, 12 +m ,       (10) 
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Figure 6. Maximum-likelihood sequence estimation (MLSE) used in noncoherent detection of 
FQPSK. (a) Multi-bit Viterbi algorithm detector. )(ty  is the output of the noncoherent demodulator 
in Figure. 1. (b) State transition diagram of the 7-bit Viterbi algorithm. 

 
 

where lnu ,  is the (n,l)th element of U. The accumulated metric of the state sn at stage k is 

 
( ) ( )[ ] ( )nkkknnkkn DDMDM urII ,min 11,, += −−−−

,  n = 1, 2,…, 12 +m ,        (11) 

 
where ( )kknDM I,  is the metric corresponding to the surviving path of state sn up to the stage k, 

( )[ ]11,min −−−− kknn
DM I  is the minimum of the accumulated metrics of the two preceding states of state 

sn, and D(rk, un) is the Euclidean distance between rk and the pre-stored m-bit sequence un. 
 
 

COMPUTATIONAL RESULTS 
 

Figure 7 (a) illustrates the BER performance of nonlinearly amplified FQPSK-B systems with 
differential detection (DD) in a stationary AWGN channel. At BER= 410− , FQPSK differential 
detectors with primitive bit-by-bit sample-and-hold (S&H) threshold detection require ob NE  of 
about 22 dB, which is not realistic in practical applications. With multi-bit correlation, the 
differential detectors of FQPSK-B show 5 dB improvement.  



 
BER performance of nonlinearly amplified FQPSK-B with limiter-discriminator (LD) detection in a 
stationary AWGN channel is illustrated in Figure 7 (b). For BER = 410−−−− , with multi-bit correlation, 
the limiter-discriminator detectors of FQPSK-B show 4 dB improvement over bit-by-bit threshold 
detectors. With a multi-bit detector using Viterbi algorithm, the required ob NE  are reduced by 2 dB 
to 12.9 dB. For FQPSK, discriminator detection is superior to differential detection in AWGN 
channels, although this is not true in all circumstances [14]. 
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Figure 7. Bit error rate (BER) performance of noncoherent detection of nonlinearly amplified 
FQPSK. (a) FQPSK with differential detection (DD). (b) FQPSK with discriminator detection with 
ISD filter (LD-ISD). 

 
 

CONCLUSIONS 
 
We have presented noncoherent detection of nonlinearly amplified spectrum efficient FQPSK 
systems with MLSD and diversity. To exploit the inherent memory in noncoherently detected 
FQPSK signals, we have applied the multi-bit correlation algorithm and multi-bit Viterbi algorithm 
for FQPSK noncoherent systems. We have shown that, with multi-bit correlation, the BER 
performance of both differential detection and limiter-discriminator detection of FQPSK can be 
improved in terms of the required ob NE  by 4-5 dB over that of bit-by-bit S&H threshold detection; 
with a multi-bit Viterbi algorithm, the BER performance can be further improved by 2 dB. The 
techniques we propose in this paper could be applied to other offset-keyed modulation systems such 
as OQPSK and spectrum efficient shaped offset QPSK (SOQPSK) systems [4] 
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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.  Detection results using the filtering found in 
conventional OQPSK demodulators have been published for two variants of SOQPSK, 
namely SOQPSK-A and –B.  This paper describes a method of synthesizing an optimal 
linear detection filter, with regard to bit error probability (BEP), and presents the 
resulting performance. 
 
 
 

KEY WORDS 
 
SOQPSK, Linear Receiver, Detection Efficiency 
 
 

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.  Performance results for two variants, namely SOQPSK-A and –B, 
were published.  In addition to Hill’s paper, analytical performance bounds for the 
optimal non-linear Viterbi detector for SOQPSK have been published [2] as well as 
performance results using both integrate and dump and third order Butterworth detection 
filters that are representative of current NASA ground and space OQPSK demodulator 
equipment [3]. 
 
The objective of this paper is to determine the detection performance attainable using a 
linear receiver structure to demodulate SOQPSK.  Since SOQPSK is a family of 
waveforms with a wide range of signal characteristics, the ‘best’ filter is not likely to be 
of a single type and will be highly dependent on the individual member selected.  
Therefore, computer simulations were used to iteratively compute the optimal filter tap 
weights that yield the lowest bit error probability (BEP) for a given variant. 
 



DESCRIPTION OF SOQPSK 
 
The SOQPSK waveforms described by Hill 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 two variants of SOQPSK, which are called SOQPSK-A 
and SOQPSK-B, are given by g(t) = n(t) * w(t), where 
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Note that Ts is the symbol period and 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 these 
SOQPSK variants are listed in Table 1 and the resulting pulse shapes and spectra are 
plotted in Figures 2 and 3.  For comparison purposes, 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.   
 

Modulation Type ρ B T1 T2 
MIL-STD-188-182 0 0 0.25 0 

SOQPSK-A 1.0 1.35 1.4 0.6 
SOQPSK-B 0.5 1.45 2.8 1.2 

 
Table 1. SOQPSK Parameters 
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LINEAR RECEIVER ARCHITECTURE 
 
One method of demodulating SOQPSK consists of a linear filter followed by a sampler 
and a threshold comparator that recovers the data.  A conceptual diagram of this 
architecture is shown in Figure 4.  The signal is downconverted from a carrier frequency, 
filtered, and data decisions are made based on the peak samples of the filter outputs.  The 
resulting odd and even data streams are recombined to produce the recovered data.  Note 
that synchronization is assumed to be ideal.  The only design issue in this architecture is 
the selection of the detection filter.  The question becomes, “which detection filter gives 
the lowest bit error probability?”  It is well known that the optimum detector for OQPSK 
is the integrate and dump filter.  However, for SOQPSK, the ‘best’ filter is highly 
dependent on the characteristics of the individual member thereby requiring that the 
optimal filter be customized for each member.  Therefore, the approach will be to 
synthesize a detection filter for a given variant using an iterative method to minimize bit 
error probability as the cost function. 
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Figure 4. Conceptual Linear Receiver Architecture 



 
SYNTHESIS OF THE OPTIMAL DETECTION FILTER 

 
The optimal filter tap weights for a given SOQPSK member can be determined using an 
iterative self-adapting algorithm.  It is the same procedure that an adaptive equalizer uses 
to dynamically update the filter tap weights to equalize a distorted channel.  However, in 
this case, the cost function is bit error probability.  Figure 5 illustrates how the detection 
filter coefficients are updated.  At each iteration, samples of the modulated waveform are 
filtered with the current tap weights and the resulting peak samples are extracted.  The 
BEP is estimated by averaging the error probability of each peak sample given the 
statistics of the noise through the current filter.  The calculated BEP is then compared to 
the previous BEP to form an error signal that adjusts the filter coefficients for the next 
iteration.  This process continues until the filter converges.  The tap weights are then 
declared ‘optimum’ and are used in the linear receiver structure in the previous section. 
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Figure 5. Process for Synthesizing an ‘Optimal’ Filter  
 
At each iteration, the BEP for a given filter w(k) will be computed analytically using the 
desired Eb/No, the noise-free peak samples from the filter y(nTs,w(k)), and the calculated 
variance of the noise at the filter output 2

outσ (w(k)).  The noise and BEP calculations are 

performed using the equations listed below where 2
inσ  is the noise variance at the input to 

the filter that would produce the desired Eb/No at which the filter is to be optimized.  The 
noise variance at the filter output 2

outσ (w(k)) is equal to the input variance 2
inσ   multiplied 

by the sum of the squares of the filter taps.  The bit error probability is the average of the 
individual error probabilities corresponding to each peak sample output. 
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The filter adjustment algorithm uses a linear random-search technique [4] that tentatively 
adds a small random change to the tap weight vector and observes the change in 
performance.  A permanent change is then made that is proportional to the product of the 
change in performance and the initial tentative change.  The equation for updating the tap 
weights is shown below. 
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The terms Pe(w(k)) and Pe(w(k)+u(k)) are the error probabilities for the present and 
tentative tap weight values and u(k) is a random vector with variance σu

2.  The constants 
µ and σu

2 affect the stability and rate of convergence.  The behavior of this algorithm is 
similar to the steepest descent algorithm that searches in the direction of the gradient of 
the performance surface. 
 
 

PERFORMANCE RESULTS 
 
The detection results for several SOQPSK variants are presented in this section.  In 
addition to the ‘optimized’ linear detector, results for an integrate and dump and a 
Butterworth filter as well as the optimum non-linear Viterbi detector are included for 
comparison.  The integrate and dump and the third order Butterworth filter (3 dB cutoff at 
the bit rate) are representative of the detectors used in NASA’s space and ground network 
conventional OQPSK demodulators.  All bandwidth values are representative of 
operation with a non-linear amplifier (NLA). 
 
Detection filters for four variants were synthesized; SOQPSK-A (1,1.35,1.4,0.6), -B 
(0.5,1.45,2.8,1.2), SOQPSK (0.7,1.25,1.5,0.5) which has the same bandwidth as -A but 
better detection efficiency, and SOQPSK (0.2,2.05,1.8,0.2) which requires slightly more 
bandwidth than either –A or –B but works very well with conventional Butterworth and 
integrate and dump filtering.  Table 2 summarizes the simulation results with perfect 
synchronization and shows that additional gain in detection performance can be achieved 
by optimizing the detection filter.  Improvements with the optimized filters range from 
0.2 to 2.0 dB over the conventional detection filters.  Although SOQPSK 
(0.7,1.25,1.5,0.5) has the same spectral efficiency as –A, its detection efficiency is 0.13 
dB better with optimized filtering and 0.67 and 0.89 dB better using conventional 
Butterworth and integrated and dump filters, respectively.  SOQPSK (0.2,2.05,1.8,0.2) 
requires more bandwidth than the others, but only requires 9.88 dB Eb/No to achieve a 
BEP of 10-5. 
 
 
 
 



DETECTOR TYPE 
Eb/No (dB) required for BEP = 10-5 

SOQPSK 
Parameters 

 
 

NOTES Optimized 
Linear 
Filter 

Viterbi Butter
-worth

Int & 
Dump

Band-width 
99.99% 

with NLA 
(Bit Rates) 

ρ B T1 T2 

SOQPSK-B 10.24 9.89 10.54 11.01 1.3620 0.5 1.45 2.8 1.2
SOQPSK-A 11.05 10.50 12.12 13.04 1.2523 1.0 1.35 1.4 0.6

SOQPSK 
(0.7,1.25,1.5,0.5) 

10.92 10.24 11.45 12.15 1.2523 0.7 1.25 1.5 0.5

SOQPSK-C 
(0.2,2.05,1.8,0.2) 

9.88 9.63 10.08 10.46 1.5370 0.2 2.05 1.8 0.2

 
Table 2. Summary of SOQPSK performance 

 
For comparison purposes, Table 3 lists the performance of some other telemetry 
modulation types.  The best overall detection performance is achieved with IRIG 
PCM/FM using a multi-symbol detector.  However, it requires nearly twice the 
bandwidth of the more spectrally efficiency SOQPSK variants.  The Tier II Multi-h CPM 
waveform is by far the most spectrally-efficient with relatively good detection efficiency.  
However, since a Viterbi demodulator is required to recover the data, the demodulator 
complexity is much higher than for linear demodulation schemes.  The SOQPSK variants 
offer a balance of good spectral and detection efficiency with more modest demodulator 
complexity.  Note that if differential encoding is required to resolve the QPSK phase 
ambiguity, the detection performance will be degraded by approximately 0.3 to 0.5 dB 
from the values in the tables since the BEP approximately doubles at low error rates 
when differential encoding/decoding is enabled.  Differential encoding is not required for 
either the PCM/FM or Multi-h CPM modulations. 
 
 

DETECTOR TYPE 
Eb/No (dB) required for BEP = 10-5 

 
 

Other Telemetry Modulation Types Recommended 
Linear Filter 

Viterbi Multi-
Symbol 

 
Bandwidth 

99.99% with 
NLA 

(Bit Rates) 
PCM/FM h=0.7,4th order Bessel 11.9 - 9.35 2.4 
ARTM TIER I  
Feher-Patented QPSK 
FQPSK-B 

11.6 [5] 10.4 [5] - 1.26 [6] 

ARTM TIER II  
Multi-h CPM  
(M=4,L=3RC,hi=4,5/16) 

- 11.17 - 0.913 

 
Table 3. Performance of several other Telemetry Modulations 

 
 
 
 
 
 



Figures 6 and 7 show the BEP curves for SOQPSK-A, -B, while Figures 8 and 9 show 
the performance of SOQPSK (0.7,1.25,1.5,0.5), and SOQPSK (0.2,2.05,1.8,0.2).   
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Figure 6. Linear Detection of SOQPSK-A 
(1,1.35,1.4,0.6) (99.99%BW=1.2523R) 
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Figure 7. Linear Detection of SOQPSK-B 
(0.5,1.45,2.8,1.2) (99.99%BW=1.362R) 
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Figure 8. Linear Detection of SOQPSK 
(0.7,1.25,1.5,0.5) (99.99%BW=1.2523R) 
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Figure 9. Linear Detection of SOQPSK 
(0.2,2.05,1.8,0.2) (99.99%BW=1.537R) 



 
Figures 10 and 11 show the detection and spectral performance of selected SOQPSK 
variants. 
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Figure 10. Performance of SOQPSK variants with Optimized Linear Filters  
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Figure 11. PSD of several SOQPSK variants 



Figure 12 shows the out-of-band power and Figure 13 shows the bandwidth-power 
efficiency plane for several variants of SOQPSK as well as other popular modulations. 
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Figure 11. Out-of-Band Power of several SOQPSK variants 
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Figure 11. Bandwidth/Power Efficiency Plane with Various Modulations with NLA 



CONCLUSIONS 
 
A linear receiver architecture for demodulating SOQPSK was presented that used an 
iterative technique to determine the optimal detection filter tap weights.  Improvements in 
detection efficiency ranged from 0.2 to 2 dB as compared to the Butterworth and 
integrate and dump filtering typically found in conventional OQPSK equipment.  In 
addition to SOQPSK-A and –B, results for two other members of the SOQPSK family, 
namely (0.7,1.25,1.5,0.5) and (0.2,2.05,1.8,0.2), were also presented.  The first variant 
has the same spectral performance as –A but is easier to detect.  The second variant 
requires more bandwidth than either –A or-B, but exhibits very good detection efficiency 
with the filtering found in conventional OQPSK detectors.  An out-of-band power and 
bandwidth/power efficiency plot with SOQPSK and several popular modulation types 
were also presented.  They show that SOQPSK is an attractive choice with good 
performance and reasonable implementation complexity.  In summary, SOQPSK is a 
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 

 
There are many applications where an ultra-compact PC (palm-top) is required for quick 
analysis of PCM data.  There are many design issues associated with the design of a PC-
Card (PCMCIA) decommutator.  
 
• Is it possible to connect a 20Mbps PCM stream?  
• What outputs are required from such a card?  
• How many cards can be used? 
• Which mode to use (memory or I/O) 
• How to program such a card 
• How to develop third-party software for analysis of data 
This paper discusses some of these issues and the applications for such a card. 
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PCMCIA, PCM Decom, Quick-look 
 
 

INTRODUCTION 
 
The PC-Card (PCMCIA) has been around for about 15 years. Originally a specification 
for adding memory to portable computers, it has become a de facto standard for the 
addition of all kinds of peripherals to portables, hand-helds and even desktops (with the 
addition of an adaptor).  

 



Its common use in compact computers raises the interesting possibility of creating a 
small, portable, flexible ground-station for in-flight use, or for flight-line testing of an 
FTI system. Recognizing this, in 1995, ACRA CONTROL produced the world’s first 
PCMCIA format IRIG-106 decom, the SAM/DEC/005. This successful product has since 
been used in many applications. 

 
With the launch of the SAM/DEC/007, ACRA CONTROL continues and enhances this 
product. At this point it is worthwhile to step back and look at the kind of features a PC-
Card format decoder should have, focusing on its flexibility and power as a flight-line 
system test tool, and as an in-flight monitoring tool. This paper takes a bottom-up view of 
the key features required from such a device. 
 
 

PHYSICAL LAYER 

BIT FINDER

PCM

DCLK

NU BIT

DATA

BIT ERROR
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Figure 1 – Bit finder 

Bit Rate 
In today’s FTI systems there are often multiple streams, intended for multiple 
destinations, with different bit-rates, frame characteristics and so on. If the decom is to be 
a useful flight-line test tool it must handle a broad range of bit-rates, from 1kBit right up 
to 20Mbit/s. This kind of range is possible with careful design, although faster bit-rates 
(>10Mbit/s) may require a separate clock (such as provided in standard NRZ-L).  
 
At the extreme end of the scale, the bottleneck in data transfer and logging is not the 
decom, but the physical interconnection of PC-Card interface and disk. Few portables 
have the power to manage 20Mbit/s incoming and stream it to disk. An extremely useful 
way of overcoming this limitation is to allow the decom to be configured to store only a 
subset of the incoming parameters. The non-store parameters are ignored, reducing the 
effective bit rate to a manageable level. This is often all that is required for test or quick-
look applications, and eliminates the need for a separate “test & debug” PCM stream at 
lower rates.  

 
 
 



PCM Codes 
The Flight Test Engineer wants to ensure that the system he is looking at is the system 
that will fly. So he must be able to work with the PCM codes that are preferred by the 
ground-station personnel. This means that the PC-Card decommutator must be able to 
handle a wide range of codes. As an example, the SAM/DEC/007 can handle RZ, NRZ-
L/S/M, BIØ-L/S/M, DM-M/S, and 
RNRZ-L x 4. 
 
 

PROTOCOL LAYER 
 
Frame Layout 
The decom must be able to handle a wide range of frames – from quick & dirty debug 
frames to large, fully loaded test frames. Further, it must not be limited by requirements 
like equal-width sub-frames, as many of today’s systems use multiple-width sub-frames 
to optimize bandwidth.  
 
Often, the software available on a portable is not as powerful as that available on a 
ground-station. For example, the ability to extract a sub-set of a PCM word and display it 
as a distinct parameter may not be present. The decom can overcome this by permitting 
the frame to be defined on a word-by-word basis with differing parity, bits-per-word, 
word order and so on. In addition, a syncword of up to 64 bits (with 64-bit mask) allows a 
huge range of frames to be handled.  

Protocol Tracking 
Programmable matches-to-lock and misses-to-loss allows control over the 
sensitivity of the decom to aberrations in the incoming stream. A surprisingly 
useful feature is the ability to program a “matches-to-lock” of 1, which means that 
the decoder locks on as soon as any syncword is detected. This allows even 
asynchronous “bursts” of IRIG-106-like data to be stored.  
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Figure 2 – Protocol Tracker 



 

Synchronization Debug 
Many people are familiar with the “it’s not in lock” panic when the pressure is on. A 
modern decom can provide debug assistance for the engineer in this case. The 
SAM/DEC/007 provides a status word which indicates whether the syncword is present, 
whether there is a valid clock, whether the number of bits per frame is as expected and so 
on. Also, the sync word polarity can be set to “both” and each bit can be masked. All the 
above is useful in identifying where the problem lies. 
 
 
 

DATA MANAGEMENT 
 

Handling Embedded Data 
A common element of many streams is embedded data. This could be a stream of 
samples from a voice or video encoder, or even an embedded PCM stream. Typically 
these are handled by some software to extract the embedded data, and then transmit it to 
an interface card that can send the data to an audio or video playback unit. However, PC-
Card is all about compact size and portable systems, so there is no room for extra 
interface cards. 
 
The SAM/DEC/007 takes a unique and innovative approach to solving this problem. 
When programming the unit, particular words in the incoming PCM stream can be 
marked as “embedded”. These are then extracted in hardware and sent to output pins on 
the decom itself, from where they can be simply wired to the playback device. There is 
no software required, and no extra complications.  
 
Embedded PCM can be handled just as simply, the embedded output can be looped back 
to a second SAM/DEC/007 in the same system where it is handled as straightforward 
PCM without any hardware or software complications.  
 
PCMCIA usually has two type II slots. One of which can be used as a second decom or 
bit synchronizer. 

Handling CVTs 
Most decoms convert the incoming serial data to parallel samples stored in a current 
value table (CVT). Many “ping-pong” between two or more such tables to prevent data 
overwrite during reading. The PC-Card interface also allows this architecture.  
 
There are two modes of operation for PC-Cards – input/output (I/O) mode with interrupt 
support, and memory mode. I/O mode has speed and memory space restrictions. It 
supports the “ping-pong” architecture (using interrupts), however, a more powerful 
architecture is possible using memory mode. In memory mode, there is access to a large 
RAM buffer. Depending on frame size, this can be configured to store multiple CVTs. 



This allows a configurable amount of buffering in the decom itself, an important 
requirement for working with modern multi-tasking operating systems.  

Persistent Storage 
The format, protocol and CVT organization can all be stored in EEPROM, so that the 
decom becomes a stand-alone device that can be swapped between machines without the 
need for re-configuration. 
 

SOFTWARE 

Plug & Play 
The PC-Card represented both a driving force and a challenge for the Plug ’n’ play 
architecture which has appeared in Microsoft operating systems over the last five years. 
With on board Card Information Services (CIS) a PC-Card decom can configure itself as 
soon as it is plugged into a new PC. Installing the drivers involves following the on-
screen instructions. 

Simple Interface 
By adopting a very straightforward approach to data recovery from the decom, it is 
possible to make access to the card completely open. The SAM/DEC/007 ships with 
DLLs and library support for Visual C++, Visual Basic, LabVIEW, MathLAB and other 
packages. In addition it is supported by powerful third-party data logging and analysis 
packages such as Magali from HTS.  
 

CONCLUSION 

A PCMCIA decom and a lap-top or palm-top PC provide an excellent compact part of 
today’s ground support equipment (GSE). However, they must still be able to cope with 
some of the more daunting aspects of larger ground stations, for example, 20Mbps, 
multiple PCM codes and embedded PCM output. 
 
They must also have features that allow for fast logging to disk such as store/ 
no-store select on data and multiple CVTs.  
 
Finally, they must come with DLLs for third-party software packaging. 
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ABSTRACT 
A three dimension (3D) link analysis is performed considering multipath effects caused by a 
reflected signal and the difference angle between the antenna bore-sight and Line-Of-Sight 
(LOS). In addition, a direction of a receive antenna is determined for a receiver to get maximum 
signal strength in a telemetry situation. For a fixed receive antenna, the angle is determined to 
maximize the average Carrier to Noise Ratio (CNR) over the interested part of a trajectory. For a 
tracking antenna, the angle at every position is selected to give maximum CNR or to direct the 
boresight to the flying projectile. 
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I. INTRODUCTION 
 In telemetry links, it is very important to predict how reliably the information can be gathered.  
To accomplish this, it is necessary to determine the position of receiver, select an angle for the 
receive antenna to properly receive signals, and then to adjust system parameters in advance 
before actual tests.  To this end, the design and estimation of many telemetry links make use of 
link equations [1]-[9] and most of the link analysis has been performed based on the assumption 
that the LOS between transmitter and receiver coincides with their bore-sights.  In practice, 
however, there are several cases where LOS deviates from the bore-sight. This difference can 
cause the actual antenna gain to vary toward the LOS direction, thus seriously affecting the link 
performance, and causing the real CNR to be below the minimum required CNR level [1].  In 
addition, a transmitted signal can be reflected on the ground and is received by the receive 
antenna to be combined with a direct path signal.  They can be destructively combined to 
degrade the link performance [2].  Therefore, the antenna’s gain variation [1] and the multipath 
effect [2] should be taken into account simultaneously for the more precise link analysis. These 
facts motivate us to consider not only a link equation including the antenna gain variation caused 
by the difference angles and the multipath effect simultaneously, but also, the selection of a 
receive antenna’s angle which helps give better link performance. 
 First, a link equation is modified to take into account multipath effects and antenna gain 
variations caused by difference angles.  Given the angles of the projectile and the positions of the 
receiver and the projectile as well, the difference angle of the transmitter and receiver is obtained 
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to give more practical antenna gains. The power of each path is calculated by inserting these 
antenna gains into a typical link equation.  Finally, the modified CNR is obtained by combining 
the two signal powers at the receiver according to the phase difference between the two paths. 
 Second, the selection problem of the receive angle is considered using the modified link 
equation.  For a fixed transmitter position, the receiver antenna angle is selected to give the 
maximum CNR among every possible receive antenna angle or direct the bore-sight of the 
receiver antenna to the flying projectile.  But this cannot be directly applied when signals from 
more than one projectile’s position are received over some part of the trajectory with a fixed 
receive antenna. For this case, the receive antenna angle is selected to give an averaged 
maximum value of link margin over the interested range.  On the other hand, when a tracking 
antenna is used, the angle at every position can be selected to give maximum CNR or to direct 
the bore-sight to the flying projectile with a zero difference angle. 
 

 
II. 3D LINK ANALYSIS 

A SYSTEM MODEL 
Let us consider a telemetry situation as shown in Figure 1. A projectile fired from a gun is flying 
along with a specified trajectory in a three dimensional space for a certain time period.  

 
 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 1 A telemetry situation taking into account multipath effect and the difference angle 
between LOS and the bore-sight of antennas. 

 
Its azimuth Pθ  and elevation Pϕ  at every position, Pp ( Px , Py , Pz ) and a time, t  are assumed to 
be known. It is spinning but the speed is unknown. The transmitted signal is reflected at a 
position, pR and combined with the direct path signal at the receive antenna. A receiver located at 



a position Vp ( Vx , Vy , Vz ) is gathering telemetry information from the transmitter of the 
projectile. Its azimuth and elevation are Vθ  and Vϕ  respectively. tdir−θ represents the angle 
between transmit antenna’s bore-sight and the direction of the transmitter toward the receiver 
through the direct path, rdir−θ  reversely depicts the angle between the receive antenna’s bore-
sight and the direction of receiver toward transmitter through the direct path, tspe−θ is the angle 
between transmit antenna’s bore-sight and the direction of transmitter toward the reflecting point 
through the specular path, and rspe−θ is the angle between receiver antenna’s bore-sight and  the 
direction of the receiver toward the reflecting point through the specular path. 

 
LINK EQUATION 
 The powers of the direct and the specular path received at the receiver are given as follows [2]: 

 
( ) ( )rdirGSdirLtdirGtPdirP −−−= θθ       (1) 

and 
( ) ( )rspeGSspeLtspeGtPspeP −Γ−−= θθ 2       (2) 

 
respectively, where Γ represents reflection coefficient, dirP  is the signal power at the input of the 
receive antenna received through direct path, speP  is the signal power at the input of the receive 
antenna received through the specular path, tP  is the transmitted power, ( )tspeG −θ  is transmitter 
antenna gain to the direction of Rp over the specular path, ( )rspeG −θ  is the receive antenna gain 
to the direction of Rp  over the specular path, ( )tdirG −θ  is the transmit antenna gain to the 
direction of the receiver over the direct path,  ( )rdirG −θ  is the receive antenna gain to the 
direction of the projectile over the direct path, SspeL −  is the path loss over the specular path, and  

SdirL −  is the path loss over the direct path.  

Defining 
dir

spe

P
P

=Γ o  and dirPA = , and assuming twP ot cos2  is transmitted, the received 

signal can be given by 
 
 ( ) ( )( )γτ +−Γ+= twAtwAtr oo coscos o      (3) 
 
where the first term of the right hand side is the signal coming through the direct path, the second 
term is the signal coming through the specular path, γ  is the phase shift induced by the 
reflecting medium, and ow  is the carrier frequency. 
    
Let two−= γδ . Then (3) can be transformed into  

( ) ( ) ( ) 
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Therefore the total received power is given by 
 

( ) 




 Γ+Γ+=

2
cos212 oo δARP        (5) 

Then the link equation is represented by 
 

( )oMroR NSFLPdBNP oo/)(/ =       (6) 
 

where ML  represents miscellaneous loss, SF  depicts safety factor, and oN  is the total noise 
power. In order to get the above equation, calculation of tdir−θ , rdir−θ , tspe−θ , and tspe−θ are 
necessary (See Appendix A for details). 
 

 
III. SELECTION OF A RECEIVE ANTENNA ANGLE. 

 In the previous section, A 3D link equation was obtained in a telemetry situation, where the 
receiver position Vp , the receive antenna’s boresight with elevation Vϕ  and azimuth Vθ  was to 
be given. In reality, however, a receiver angle had better be selected to provide better link 
performance. In what follows, three cases will be considered for practical purposes. 
 First, when given the position of a specific projectile and a receive antenna position, the 
required receive antenna angles (elevation and azimuth) can be selected to maximize CNR 
among all the possible receive antenna angles or the required receive antenna’s boresight is 
determined to coincide with LOS as follows (See Appendix D for details): 
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 Second, when interested in selecting an antenna angle to give better link performance over some 
part of the trajectory, the angle is chosen to give a maximum averaged CNR over the interested 
part by the following procedures: 

 
Step 1. Over the interested range of the trajectory, select one receive angle using one of the 

previous methods at every position of the projectile. 
Step 2. Take median value of selected angles 
Step 3. Define a range around the median value as follows: 
 

Elevation Angle: ElElElElEl medianmedian ∆+≤≤∆−    (8.1) 
Azimuth Angle: AzAzAzAzAz medianmedian ∆+≤≤∆−   (8.2) 

 
Step 4. Select the angle giving maximizing averaged link CNR over the interested range. 
 

 Finally the receive antenna angle of the tracking antenna is selected to give a CNR or to make 
them coincide with the LOS at every position of projectile.. 



 
 

V. SIMULATION RESULTS 
 In order to see the effect of difference angle between boresight and LOS, a simulation was 
performed with antenna gains of Figure 2 and the results are plotted in Figure 3. For this 
simulation, a trajectory of a projectile was generated (not shown here); the position of receiver 
was assumed to be (-30m, 1000m, 2m) in 3D space; the azimuth and elevation of the boresight of 
receive antenna were assumed to be o101  and o15 ; the initial position of the projectile is (0,0,0). 

dBPt 6= , dBLM 5= , dBSF 0= , dBNo 7.138= , and 0=γ  were assumed. In Figure 3 plot (a), 
the angle difference of both transmitter and receiver were considered; in Figure 3 plot (b), only 
the angle difference of transmitter was considered; in Figure 3 plot (c), the gain of transmitter 
was assumed to be –1 and the angle difference of receiver was assumed to be o0 ; in Figure 3 plot 
(d), only the angle difference of receiver was considered. Plots show that ignoring the angle 
difference can give incorrect results. Estimation of receiver angle and CNR were simulated in 
Figure 4. The estimated median value is: azimuth= o1646.15  and elevation= o0713.97 . 

Az∆ and El∆  are assumed to be o5 . The estimated azimuth and elevation are o99  and 
o14 respectively. Figure 4 plot (a) is the CNR for tracking antenna and Figure 4 plot (b) is the 

CNR for the fixed antenna with the estimated angle.  
 In Figure 5 the CNR considering multipath effect caused by reflection (plot (a)) was compared 
with that without considering multipath effect (plot (b)). Γwas assumed to be 0.3. It is shown 
that the fluctuation of the CNR is around 3dB at far distance when the multipath effect is 
considered.  
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Figure 2. Antenna gain (dB):                     Transmitter,                            Receiver 



 

                                                                                      
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

(a)                                                                             (b) 
 
Figure 5 CNR Margin against Range (a) without taking into account multipath (b) with taking 
into account multipath. 

0

5

10

15

20

25

30

35

40

45

50

0 2000 4000 6000 8000 10000 12000

Range (m)

C
ar

rie
r-t

o-
N

oi
se

 R
at

io
 (d

B) (a)

(b)

(d)
(c)

0

5

10

15

20

25

30

35

40

45

50

0 2000 4000 6000 8000 10000 12000

Range (m)
C

ar
rie

r-t
o-

N
oi

se
 R

at
io

 (d
B)

(a)

(b)

Figure 3 Carrier-to-Noise Ratio versus
Range according to antenna gain
options. 

Figure 4 CNR versus Range for (a)
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VI. SUMMARY 

 We have considered a 3D link analysis in telemetry situations and the selection of receive 
antenna angle to optimize receiving signals from a flying projectile as well. By calculating the 
difference angle between the boresight and the LOS and then inserting it into a typical link 
equation the uncertainty of the antenna gain is greatly reduced resulting in a more accurate link 
performance prediction. Based on this 3D link analysis, the angle of receive antenna is selected 
to receive the maximum of averaged signal power. To reduce the complexity of calculation the 
bore-sight of the receiver is selected to coincide with the LOS between transmitter and receiver. 
Usefulness of the above methods was confirmed through some real tests. 
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APPENDIX A THE DIFFERENCE ANGLES tdir−θ , rdir−θ , tspe−θ AND rspe−θ  
 Assuming a temporary point, with distance PAd  from Pp on the axis of the projectile, its 
position Ap  is given by  

 
PPPAPA dxx θϕ sincos+= ,  

PPPAPA dyy θϕ coscos+= ,       (A1) 

PPAPA dzz ϕsin+=   
 
 Then the three positions, Pp , Vp , and Ap  makes a triangle together. From this triangle the 
required difference angle of the transmitter side is simply obtained as follow: 
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where PAd  is the distance between Ap  and Pp , PVd  is the distance between Pp  and Vp ,  and 

AVd  is the distance between Ap  and Vp . Similarly, another temporary position with distance 

PBd  in the direction of receive antenna bore-sight, Bp  can be obtained as follows: 
 

VVPBVB dxx θϕ sincos+= ,  

VVPBVB dyy θϕ coscos+= ,       (A3) 

VPBVB dzz ϕsin+=   
 

Also the positions, Pp , Vp , and Bp  makes a triangle together to give the difference angle 

rdir−θ at the receiver side  
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where BVd  is the distance between Bp  and Vp . 
Assuming the position )0,,( RRR yxp of the reflecting point is given, we can calculate tspe−θ  and 

rspe−θ  with the positions Rp , Pp , Ap , Bp , and Vp  as follows (see Appendix C for 
)0,,( RRR yxp ): 
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and 
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where PRd  is the distance between Pp  and Rp , ARd  is the distance between Ap  and Rp , RBd  is 
the distance between Rp  and Bp , RVd  is the distance between Rp  and Vp . 

 
 

APPENDIX B THE PHASE DIFFERENCE ANGLEδ  
First we assume γ  is given. From Figure A1, we get the following equations [2]: 
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( )22
2 pdhm r −+=         (A7.3) 



( )( ) ( )( ) ( ) ( ) ( )2222
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From the above equations we get the time difference 
 

c
rmm −+

= 21τ         (A7.5) 

 
Therefore, the phase difference between the two paths is given by 

 
τγδ ow−=          (A7.6) 

 
APPENDIX C THE POSITION OF )0,,( RRR yxp  

In Figure A1, Rp  represents the reflecting point on the ground. Projecting Vp and Pp  onto 
the xy  plane (i.e. ground plane), we can get the projected points ( )GGG yxp ,' =  and 

( )VVV yxp ,' =  as shown Figure A2. 

 
Then a line equation can be obtained as follows: 

( ) PP
PV

VP xyy
yy
xx

x +−
−
−

=        (A8) 

Substituting x  and y  with Rx  and Ry , respectively, Rx is represented by 

( ) PPR
PV

VP
R xyy

yy
xx

x +−
−
−

=        (A9) 

The angle consisting of the line, ''
VG pp  and a line paralleled with axisy − Ry  is given by 

 







−
−

= −

GV

GV

yy
xx

Cos 1'θ         (A10) 

Then the axisy −  of the reflecting point is given by 

 ( ) ( )( )'1θ−−+= CosAbspCosyysignyy PVGR      (A11) 

 
APPENDIX D THE EQUATION  (7) 
Let us consider a new coordinate system with the position of the receive antenna as the origin as 
shown in Figure A3 and assume the elevation and azimuth of the receive antenna to be o0 and 
o0 , respectively. Selecting a temporary position Bp  to be identified by VB xx = , dyy VB += , 

and VB zz = , the azimuth and elevation are calculated as follows: 
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, respectively. VBd  is the distance between Bp  and Vp , 'VP

d  is the distance between Vp  and 'P
p , 

and 
BP

d '  is the distance between Bp  and 'P
p ; ( )xsign  function takes sign of x ; 'P

p  is the 

projection of Pp  on the '' yx plane gives. 
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Figure A3 A new coordinate with the
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ABSTRACT 
 

Recent changes in spectrum availability as well as higher demands for spectrum have motivated the 
development of telemetry transmit systems capable of fully operating over both L and S telemetry 
bands. However, enabling operation within these two bands poses new problems in system design. 
This paper presents a prototype system capable of operating between 1.4 and 2.4 GHz, which 
supports continuous phase modulation (CPM) waveforms such as pulse code modulation (PCM), 
frequency modulation (FM), and shaped offset quadrature phase shift keying (SOQPSK). The 
system architecture is detailed, and the prototype performance is discussed. 
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INTRODUCTION  
 

One aspect of the standard paradigm for flight test is continuous monitoring of the aircraft via real-
time telemetry [1]. Key air vehicle, system functionality, and pilot health information is relayed to 
facilitate real-time and post-mission analyses. The telemetry is typically accomplished over a radio 
frequency (RF) link on dedicated portions of the L-Band (1435-1525 MHz) and the upper S-Band 
(2310-2390 MHz). Air vehicles are assigned specific frequency channels within these bands, with 
bandwidth allocated according to the unique mission requirements. Existing telemetry transmitters 
and antennas are restricted to particular bands or, even worse, to discrete frequencies within a given 
band.  



 

 

Figure 1: Concept of using a personal digital assistant (PDA) or laptop computer for reconfiguring 
the frequency channel assignment for an aeronautical telemetry transmitter. 

Due to recent changes in the allocation of spectrum for telemetry and communications, the current 
hardware infrastructure poses problems in terms of channel assignment and scheduling for air 
vehicle telemetry [2]. For example, due to the apparently insatiable demand for RF spectrum in the 
private sector, there has been encroachment on the telemetry bands. Specifically, recent 
congressional actions such as OBRA 93 and BBA 97 have both decreased the bandwidth available 
for telemetry and fragmented the available channels over the L and S bands. Due to the inflexibility 
of current hardware, it has become impractical to continue the type of channel assignment and 
scheduling utilized in the past. New telemetry transmitters must be developed that allow rapid 
reconfiguration of the transmit band using a laptop computer or personal digital assistant (see Figure 
1). 

In this paper, we discuss a prototype transmitter architecture operating over the L and S bands. The 
implementation uses commercial off-the-shelf components coupled with custom software. This 
presentation includes information concerning the system design and performance. Finally, we 
discuss additional work that is ongoing in the development of dual-band telemetry transmit systems. 
 
 

TELEMETRY TRANSMITTER ARCHITECTURE 
 
Historical and future trends in aeronautical telemetry suggest that appropriate transmitters be 
capable of continuous phase modulation (CPM) schemes. Specifically, transmitters should support 
pulse code modulation (PCM), frequency modulation (FM), and shaped offset quadrature phase shift 
keying (SOQPSK). Additionally, in order to support operation in both the L and S bands, extreme 
care must be exercised in generation of the modulated RF signal in order to avoid out-of-band 
emissions or unwanted in-band signals.  
 
Traditional telemetry transmitters make use of a voltage-controlled oscillator (VCO) whose 
frequency tuning port is driven both by a center frequency control voltage as well as the modulating 
baseband data. The architecture used in this prototype is shown in Figure 2. In this design, a 
programmable phase-lock loop (PLL) subsystem is used in conjunction with a stable 20 MHz 
reference oscillator in order to accurately control the output frequency of the VCO. The PLL can be 
controlled directly by the host or through the intermediary of a simple microcontroller. The output 
power amplifier is typically controlled by the PLL system, being turned on only after the system has 
acquired lock in order to minimize the transmission of out-of-band signals. The loop filter is 
designed to remove unwanted signals from the VCO control voltage. Its bandwidth controls the PLL 
acquisition time and the locked oscillator phase noise performance. In telemetry applications, the 



 

system is typically not required to change carrier frequencies during communication. Therefore, the 
acquisition time is relatively unimportant, and a narrow band loop filter is used in order to optimize 
the phase noise performance. 
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Figure 2: Block diagram illustrating a simple directly modulated voltage controlled oscillator 
transmitter architecture. 

 
The telemetry data are added to the loop filter output voltage in order to modulate the VCO output. 
The ideal VCO output signal can be expressed as 
 

[ ]oo ttAts φαφω ++= ),(cos)(        (1) 
 
where the carrier frequency PLLoo VK=ω , Ko is a VCO-dependent constant, and VPLL is the DC 
voltage at the loop filter output. The data-dependent phase is given as 
 

∫ ∑
∞−

∞

−∞=

−=
t

k
ko dkTghKt τταπαφ )(2),(     (2) 

 
where h is a modulation index that depends on the amplitude of the modulating voltage and g(t) is 
the unity-area single-symbol pulse shape of duration T. For PCM and FM, we use { }1,1 +−∈kα  with 
T equal to the symbol period. For SOQPSK, we use { }1,0,1 +−∈kα  with T equal to one-half of the 
symbol period and h = ¼ [3]. Therefore, this simple circuit provides the desired CPM waveform 
provided that the modulating data are properly formatted before its application to the transmitter. 
 
 
 



 

PLL Subsystem 
 
The PLL subsystem consists of the programmable PLL chip, loop filter, 20 MHz reference 
oscillator, and RF power divider. For this prototype, the LMX2326 PLL chip from National 
Instruments has been chosen. This chip offers operation between 100 and 2800 MHz with a very 
high frequency resolution (50 KHz resolution is used for the prototype). Chip programming is 
accomplished using a serial data interface. The 20 MHz reference signal is an Epson SG-615P 
crystal oscillator with a frequency stability of 610100/ −×±=∆ off . 
 
The key design portion of the PLL subsystem involves the loop filter. This filter was designed using 
standard techniques [4] for a 0.1 KHz loop bandwidth and a 48-degree phase margin. A schematic of 
the filter, a plot of its frequency response, and a plot of its phase noise performance are shown in 
Figure 3. As can be seen, the corner frequency is relatively low, which accounts for the excellent 
phase noise performance. This also results in the relatively long full-scale acquisition time of 
roughly 70 µS (VCO starts at 1400 MHz and must be locked at 2400 MHz).  
 
The RF power divider is used to split the signal from the VCO between the output port and the RF 
input to the PLL chip. This has been designed using a simple resistive network such that only -5 
dBm of the available 10 dBm output from the VCO is fed back into the PLL chip. 
 
     
VCO Subsystem 
 
A very wide band VCO is required in order to allow operation over the L and S bands. Fortunately, 
the ELCO-MS-148/248-01 VCO from Emhiser Research meets the specifications. This surface 
mount device requires a tuning voltage between 1 and 17 volts for a frequency range of 1430 to 
2400 MHz. An op-amp is therefore used to amplify the output of the loop filter to the proper range. 
The loop filter output is summed with the telemetry data using a simple capacitive/resistive 
summing circuit. For this prototype, the data signal is generated using a square wave generator, 
although a more sophisticated system would be utilized in a practical system. 
 
 
Control Subsystem 
 
A microcontroller is integrated into the programming loop in order to facilitate automatic start-up 
configuration of the device. The Rabbit 2000 device is chosen, due mainly to the availability of 
useful and easy-to-use programming tools. A software interface that runs on a personal computer has 
also been developed to allow simple programming of the device. For the prototype, this software 
allows full-control of the PLL chipset, although an operational device would implement much of the 
basic chipset configuration using the automatic start-up sequence at instrument power up. Of most 
importance is the ability to set the center frequency as well as the device frequency resolution.  
Figure 4 shows the software interface window. 
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Figure 3: Loop filter design along with predicted phase noise performance and frequency response. 



 

 
 

Figure 4: Control window used to program the PLL chip. This interface allows setting the VCO 
output frequency as well as controlling other features of the device. 

 
 

SYSTEM PERFORMANCE 
 
The entire system was fabricated using surface mount construction on GIL-1000 material (30 mil 
thickness, 3.26 dielectric constant) and conductor-backed coplanar waveguide technology for the RF 
interconnects. Once fully integrated, the system achieved a tuning range from 1.14 to 2.48 GHz. The 
measured phase noise turned out to be approximately –25 dBc at 1 MHz offset, which represents a 
significant degradation compared to the theoretically computed performance. However, it is known 
that the spectrum analyzer used to measure this performance suffers from inaccuracies at fine 
frequency resolution, and therefore further testing is underway to more accurately measure this 
phase noise performance. 
 
The modulation performance was tested by injecting a square wave (±1) into the telemetry data port. 
The system output was then down converted using a mixer and a local oscillator (LO). Figure 5 
shows the result of this test for a system center frequency of 1400 MHz and LO frequency of 1380 
MHz such that the intermediate frequency (IF) is nominally at 20 MHz. The 1 MHz modulating 
signal amplitude has been set to exaggerate the frequency modulation behavior.  The modulation 
behavior is clearly very good, although some unwanted amplitude modulation behavior is present. 
When the modulating waveform was increased in frequency to about 18 MHz, the input capacitance 
to the VCO began to smooth the transition between the two output frequencies. However, in a 



 

realistic system, the telemetry data pulses will undergo shaping in order to limit the transmitted 
signal bandwidth. As a result, this additional filtering of the data will not significantly degrade the 
system performance for data rates as high as 20 Mbits per second. 
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Figure 5: Output waveform resulting from down converting the modulated signal to a 20 MHz 

intermediate frequency. 

 
 

ADDITIONAL CONSIDERATIONS 
 
 
Output Filtering and Power Amplification 
 
One of the remaining tasks associated with development of an operational instrument based upon 
this design involves implementation of output filters and power amplifiers suitable for the bands of 
interest. Fortunately, new advances in power transistors fabricated using Gallium Arsenide (GaAs) 
facilitate design of power amplifiers capable of amplifying over the requisite 1 GHz bandwidth. The 
output filter, on the other hand, will need careful attention in order to adequately suppress out-of-
band signals while passing the signals in both operational sub-bands.  
 
 
Environmental Testing 
 
One of the difficulties with the transmitter architecture examined for this effort is the effect of 
operational conditions such as temperature or aircraft vibrations. This latter issue is particularly 
important, since the large tuning range of the VCO can make it highly sensitive to mechanical 
stresses. As transmitters of this nature are commercialized, extensive environmental testing must be 



 

performed in order to determine the system sensitivity to operating conditions. Some of this 
sensitivity could be reduced by designing a loop filter with a wider loop bandwidth so that the 
system more quickly adjusts when external influences produce unwanted frequency deviations. 
 
 
Potential Alternative Architectures 
 
While the merits of the architecture discussed above have been demonstrated by years of use within 
the telemetry community, the analog introduction of the telemetry data can result in non-ideal output 
waveform characteristics. To overcome potential limitations of such systems, it is interesting to 
explore utilization of new technologies that can offer improved performance at reduced costs 
compared to traditional designs. As an example, consider the architecture shown in Figure 6. This 
system uses a direct digital synthesizer (DDS), field programmable grate array (FPGA), or digital 
signal processor (DSP) to directly synthesize the CPM waveform digitally. The In-phase (I) and 
Quadrature (Q) channels of the synthesized data can then be up converted either by using a 
programmable source similar to that discussed above or by using a sequence of multiplication stages 
to create the microwave signal from the IF signal created by the digital subsystem. DDS and FPGA 
implementations are particularly attractive, since advances in wireless communications system 
design have resulted in off-the-shelf components capable of producing the desired waveforms at 
rates in excess of 100 Mbits/s. Work is currently underway to assess the feasibility and performance 
advantages and disadvantages associated with using such an architecture. 
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Figure 6: Potential architecture for digital generation of the baseband telemetry transmit stream. 

 
 
 
 
 



 

CONCLUSIONS 
 
This paper has presented a prototype design for a telemetry transmitter capable of operating in both 
L and S bands. The system block diagram has been discussed, and the details concerning the 
implementation have been presented. The performance of the final system was found to meet the 
specifications for flight test telemetry transmission. Successful implementation of an operational 
version of this device would significantly increase the flexibility in scheduling frequency channels 
for aeronautical flight tests.   
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ABSTRACT 
 
M/A-COM, Inc. has previously developed a highly integrated transmitter chip set for wireless telemetry 
applications for the military L and S band frequencies and the commercial 2.4GHz ISM band. The original 
chip set is comprised of a voltage controlled oscillator (VCO), a silicon phase locked loop (PLL), and a 
family of power amplifiers (PA's). Using these components, M/A-COM has produced a miniature IRIG-
compliant transmitter module, which has been flight-tested by the U.S. Army’s Hardened Subminiature 
Telemetry and Sensor System (HSTSS) program. Since the initial offering, several product enhancements 
have been added. The module performance has been improved by tailoring the VCO specifically for direct 
frequency modulation applications. In addition to improving noise performance, these enhancements have 
produced improved modulation linearity, decreased lock time and increased carrier stability. Modulation 
rates in excess of 10Mbps have been demonstrated. High efficiency power amplifiers operating at 3V have 
also been added to the family of amplifiers (PAE > 50%). This greatly enhanced efficiency allows higher RF 
power output while maintaining the same miniature form factor for the transmitter. Further, M/A-COM has 
added a silicon-on-sapphire PLL to the chip set, which operates at frequencies up to 3.0GHz. This paper 
details the enhancements to the components within the chip set, and the improvement in performance of the 
transmitter module. Test data is presented for the transmitter modules and individual components.  
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Transmitter, telemetry, munitions, high-g,  
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INTRODUCTION 
 

M/A-COM has developed a very rugged, small, low cost, low power transmitter module for ballistic 
telemetry applications.  The module is comprised of a chip set developed specifically for the Hardened 
Subminiature Telemetry and Sensor System (HSTSS) program. The 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, limited in performance, and expensive.  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: a phase locked loop (PLL) chip, voltage controlled oscillator (VCO), a crystal 
reference oscillator, and a family of power amplifiers (PA’s). This paper briefly reviews the chip set and 
transmitter architecture. Enhancements and optimizations to subsystems are then discussed. The resultant 
performance improvements of the integrated transmitter module are then presented. 
 
 

 TRANSMITTER SYSTEM SPECIFICATIONS 
 

The transmitter system design was driven by the contract specifications developed by the HSTSS integrated 
product team (IPT). General specifications come from the IRIG 106-96 Telemetry Standards. A listing of 
these major parameters can be found in reference [1]. 

 
 
COMPONENT REVIEW 

 
The M/A-COM transmitter chip set is comprised of a PLL, VCO, and a family of PA’s. For maximum 
versatility, the chip set components are available in both die and surface mount packages.   
 
The initial offering of PA’s include devices with 100mW, 250mW, 1W, and 2W power ratings. The lower 
power amplifiers (100mW, 250mW) are fabricated using M/A-COM’s heterojunction bipolar transistor 
process (iHBT) requiring only a single 3V positive supply voltage. The power amplifiers with higher 
power ratings (1W, 2W) are MESFET devices, and operate with a drain voltage of 5V and 8V 
respectively. 
 
The VCO is the primary frequency source and is available in L band, S band, and ISM band. This device is 
fabricated using iHBT technology (thus requires only a 3V positive supply). The output stage of this 
device is a 10dB amplifier, which buffers the output, and produces a minimum output power of 10mW. The 
tuning linearity has been measured to be approximately 6%. VCO test data is presented later in this paper. 
 
The PLL originally developed for the project was fabricated in 0.35µm CMOS, and operates with a 3V 
supply voltage. This device has a parallel band and channel select interface, with sixteen channels available 
in each of three bands (L, SLOWER, and SUPPER bands). These sixteen channels are contiguous, spaced in 
increments of 1MHz.  Although fully functional, extensive testing has shown that the device is sensitive to 
power supply variations over the –40oC to +85oC temperature range.  A commercial PLL has been 



selected which offers the capability of more channels and greater programming flexibility. This device will be 
discussed in another section of this paper.  
 
The task of meeting the IRIG 106-96 ±20ppm 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 a quartz crystal oscillator specifically for high-shock telemetry applications.  This component 
provides frequency control for the HSTSS transmitter and potential clocking for the HSTSS data acquisition 
chip set.   
 
Further information on the crystal oscillator and a summary of all the initial component offerings can be 
found in references [1,2]. 
 
 

TRANSMITER MODULE REVIEW 
 
A block diagram of the transmitter system is shown in figure 1. This type of modular architecture allows the 
telemetry engineer to optimize the transmitter based on the system requirements. The module can be 
configured to operate in either free running or phase locked mode, for L or S band operation, and can be 
configured for 10mW, 100mW or 250mW output powers.  The operating voltage range of the module is 
2.85V – 3.15V. The VCO is directly frequency modulated, decreasing the number of components required, 
thus enhancing miniaturization. 
    
For free running operation the VCO is coupled directly with a PA.  This inexpensive configuration can be 
used for extremely limited volume applications.  The Army Research Laboratory at Aberdeen Proving 
Ground has implemented this type of configuration on modules less than 15mm in diameter for kinetic 
energy (KE) and small caliber projectiles.  In free running mode, stability of +0.005% is met after the 
system has been allowed to warm up for approximately 5 seconds.  
 

 
 Figure 1. Frequency Source Block Diagram 



The second configuration is the phase locked VCO with reference oscillator.  The form factor of the module 
was chosen to fit into a standard NATO artillery fuze housing.  The module dimensions are 1.125” 
(28.6mm) in diameter and 0.2” (6.0mm) in height with RF shield. The transmitter module was designed 
using both surface mount and chip & wire technology.  The module is built on FR-4 substrate material and 
uses coplanar waveguide for controlled impedance lines. In this configuration, the +0.002% stability 
requirement is easily met, and modulation bandwidths of over 10MHz have been demonstrated. Turn-on 
time is predominantly determined by the loop filter; for a 10kHz loop filter, turn-on times of the order of 
0.5ms have been recorded. Both free running and phase locked configurations have been successfully flight 
tested by the HSTSS program on numerous platforms [1,2]. 
 

PRODUCT ENHANCMENTS 
 

In the past year, several improvements and/or additions have been made to the transmitter chip set.  A high 
efficiency 500mW PA has been added to the family of power amplifiers, offering even more design options 
to the telemetry engineer.  The original 2W MESFET PA is currently being replaced with a much smaller, 
more efficient iHBT device.  A tailored silicon-on-sapphire PLL, provided by our partners at Peregrine 
Semiconductor, has been added to the chip set to provide greater stability over a broader range of 
temperatures.  Finally, the M/A-COM iHBT VCO is being modified for dual port operation, which will 
yield better performance at lower (< 1Mbps) data rates. 
 
500mW Power Amplifier: M/A-COM has tuned a commercially released 2.4GHz ISM power amplifier 
for operation in the military S band.  The MA02303GJ has a saturated output power of 500mW and is 
designed on M/A-COM’s proprietary Multifunction Self-Aligned Gate (MSAG) MMIC process.  This 
process offers significant benefits for defense and space applications. MSAG is an excellent choice for 
power amplifiers, delivering performance comparable to the more expensive PHEMT processes through X 
band. Because MSAG uses selective ion-implantation, it is also a true multi-function process: low noise, 
power, switch, and digital FETs and circuit functions can be integrated onto a single MMIC. MSAG is 
highly reliable and allows single supply voltage operation. 
 
The MA02303GJ operates at supply voltages between 3V and 5V, and is been tuned with external 
components for S band frequencies. At a 3V supply, this device exhibits a linear gain of 30dB, and has a 
minimum saturated output power of 27dBm.  The amplifier consistently yields power added efficiencies 
(PAE) of greater than 55%. Figures 2a and 2b show device performance with a 3V supply voltage. 



New 2W Power Amplifier: A new 2W PA is being developed on M/A-COM’s iHBT process. This is 
an InGaP/GaAs HBT process based on a 3µm emitter dimension. The iHBT technology is ideal for 
portable wireless telemetry applications where efficiency, and ultimately battery size and runtime, is of 
primary concern. Saturated power performance of a typical iHBT 1080µm2 cell, operating at a supply 
voltage of 3V demonstrates a power density of 425mW/mm with PAE > 50%. Using M/A-COM’s 
iHBT process with patented heat spreading layout topology to ensure low thermal resistance, a very small 
(4mm2 plastic FQFN-16) microwave packaged amplifier is possible.  
 
For reference, several 2W power amplifiers for handset applications in PCS (1.96GHz) and CDMA 
(836MHz) frequency bands have been designed and demonstrated using the aforementioned architectures. 
These power amplifiers are designed for use on an 8 mil thick first dielectric substrate FR-4 board. Figure 
3a shows output power and PAE vs. input power for the commercial CDMA packaged amplifier.  Figure 
3b shows the uniform heating profile from an actual CDMA device under test conditions.  At the time of 
writing, the commercial PCS device is being scaled for optimum performance in S band. This device will 
have a nominal 2W output, require a 3V single supply, and yield a PAE better than 50%. The amplifier 
circuit will include a digital control line, to power down the device for battery power conservation.  
 

Figure 3a.  Output power and PAE versus input power 
for 2W HBT PA 

Figure 3b.  Thermal image of 2W HBT PA die 
 

Figure 2a.  Output power and current versus 
input power for 500mW PA in S band 

 

Figure 2b.  Output power and PAE versus 
input power for 500mW PA in S band 
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New Phase Locked Loop (PLL): To improve transmitter performance over temperature, M/A-COM has 
selected a Peregrine Semiconductor phase locked loop (PLL).  This PLL is an integer-N device, fabricated 
using CMOS silicon-on-sapphire (SOS) technology (thus potentially rad hard). This new PLL die has a 
larger form factor (2526 x 2526µm) than the original PLL (1930 x 2311µm), and requires more external 
support circuitry. However, the new PLL provides advantages of frequency synthesis up to 3GHz and 
operation with a range of reference frequencies. Additionally, this device contains a programming interface 
select pin which enables the user to choose between parallel or serial programming. An on-board charge 
pump may be enabled for use with a passive loop filter, or disabled, allowing the phase/frequency detector 
to provide input directly to an active loop filter.  M/A-COM has verified complete transmitter functionality 
over temperature on a test board using the new PLL.  At the time of writing, a new layout is underway, of 
the 1.125" diameter module with the Peregrine PLL.  
 
Voltage Controlled Oscillator (VCO) Enhancements: The architecture of the original transmitter module 
directly modulated the VCO. The modulation stream was added to the output of the PLL loop filter and 
both signals were input to the VCO tune port. This approach has distinct advantages in miniaturizing the 
transmitter, and reducing the number of requisite components. However, modulation data always has certain 
requirements for peak performance, especially in terms of peak frequency deviation. In order to satisfy 
optimum performance requirements within this architecture, special attention must be paid to the VCO. The 
next generation transmitters utilize an improved VCO to optimally transmit a wide range of data rates. 
 
To optimize the VCO for direct frequency modulation applications, certain modifications had to be made to 
the architecture of the device. The same VCO chip is used, but is configured differently, allowing separate 
modulation and DC tune voltage ports. This allows the user to tailor the frequency deviation of the 
transmitter to the data rate of the system. The new configuration improves the transmitter performance of 
direct frequency modulation systems in a number of ways. First, isolation is increased between the 
modulation and loop filter circuits. This allows for a greater loop bandwidth, even for the lower data rates. 
Additionally, the user is given more control over the modulation characteristics, resulting in improved 
modulation linearity and noise performance especially at the lower data rates.  
 
 

NEXT GENERATION TRANSMITTER TEST DATA 
 

The IRIG-compatible transmitter module was enhanced with the features described previously in this paper.  
The following test data was obtained from a test board with complete transmitter functionality. At the time of 
writing, this functionality was being implemented onto a 1.125” diameter module. This transmitter module 
form factor is shown in figure 4. 

 



 
Figure 4.  Photograph of transmitter module form factor 

 
The IRIG standard specifies all spurious output to be below –25dBm. The three (unwanted) spurious 
emissions generally seen in this system are 500kHz (PLL comparison frequency), 20MHz (oscillator 
reference frequency), and the harmonics at the output of the amplifier. The spurious output resulting from the 
PLL operation is shown below. As the choice of output amplifier power is dependent upon user application, 
figures 5 and 6 show the resultant spurious output of the phase locked VCO with oscillator operation 
(without output amplifier). It may be seen that the 20MHz spurs are less than –65dBc, and the 500kHz 
spurs are approximately –65dBc. It is clear, using simple addition, that for a 100mW (20dBm), 250mW 
(24dBm), 500mW (27dBm) or 2W (33dBm) system, both the measured 500kHz and 20MHz spurs would 
meet the IRIG specification. 
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The output amplifiers are all operated in saturation, and have been optimized for high PAE. This means that 
the harmonic output from any amplifier will not meet the specification without an output filter. For this 
reason, an output filter has been implemented on the module. Figure 7 shows the typical output from a 
500mW transmitter (with output filter), which can be seen to meet the IRIG specification. 

Figure 5.  Spectrum Analyzer display 
showing carrier with absence of 20MHz 

spurs (below noise floor)  

Figure 6.  Spectrum Analyzer output 
showing carrier with 500kHz spurs 
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Figure 7.  500mW module output showing suppressed harmonics 

 
The stability of the module was examined over temperature. Figure 8 shows the frequency variation over 
time. The y-axis displays frequency and shows a variation of 90kHz (+0.002% of carrier frequency). At a 
given temperature, the stability is approximately an order of magnitude better than the IRIG specification of 
+0.002%. This measurement was performed with a 1kHz loop filter bandwidth. As the loop bandwidth 
increased, it is expected that stability will improve. 
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Figure 8.  Modulation Domain Analyzer display showing frequency stability against time at temperature. 

Vertical axis span corresponds to +45kHz (+0.002% of carrier frequency)  
 

The modulation characteristics of the module were also examined. The modulation bandwidth was 
measured, and the response of the transmitter module from 25kHz to 10MHz is shown in Figure 9. The 
roll-off at the lower end is due to the dc blocking capacitor on the modulation input. It can be seen that 
there is less than a 2dB variation between 125kHz to 10MHz. Operation over 10MHz has also been 
demonstrated. 
 



 
Figure 9.  Vector analyzer display showing modulation bandwidth of 250mW transmitter module 

 
It is expected that the demodulated receiver output will accurately reflect the amplitude of the input to the 
transmitter. This behavior is characterized by modulation linearity. Modulation linearity is the maximum 
deviation from a best-fit straight line of the demodulated output amplitude vs. input amplitude curve, and is 
expressed in percent (%). The modulation linearity demonstrated by this transmitter was measured using a 
10kHz sine wave over temperature. The modulation linearity was measured to be a maximum of 1.0% over 
temperature. The temperature variation is displayed in figure 10.  
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Figure 10.  Modulation linearity measured at S band over temperature range 



SUMMARY 
 

M/A-COM has produced a transmitter module with a number of enhancements for improved performance 
and increased flexibility. Direct frequency modulation is the architecture of choice, due to fewer required 
components. The VCO has been tailored specifically for this application: separating modulation and DC 
tune ports on the VCO allows for each port to be optimized. This flexibility will improve overall transmitter 
performance, especially noise performance. Additionally, the flexibility of the transmitter may be enhanced 
by augmenting the family of amplifiers in the chip set operational at 3V. New PA’s at 500mW and 2W 
output power have been developed, with high PAEs.  The new M/A-COM transmitter uses a PLL, capable 
of locking to all frequencies within L, S and the 2.4GHz ISM band, and frequency selection can be 
hardwired or serially loaded to the chip.  When this chip set is used with a 20-ppm resonator the transmitter 
is IRIG 106-96 compatible. 
 

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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Abstract

An autonomous soccer-playing robot was designed and constructed as part of the electrical engineering

senior project at Brigham Young University. Unique physical features enable ball handling abilities. A

front-side rotating drum retains the ball by applying backspin. A pneumatic kicker allows for fast accurate

kicks. Robot movement control is performed by three different systems. The low-level velocity controller

ensures output of desired forward and angular velocities. The position controller is used to match the

robot’s position with a desired position. Path generation directs the robot along a desired path at a

specified velocity. The locations of the robots and ball on the soccer field is determined by the vision

system. This document is a formal description of the unique designs and construction of the our team’s

robot.

1 Introduction

Since August of 1997, the Electrical and Computer Engineering (ECEn) department of Brigham Young
University (BYU) has provided Robot Soccer as an option to fulfill the senior project requirement [1]. Robot
Soccer is relates to the organizations RoboCup [2] and FIRA [3] in that soccer is the primary domain and
AI and intelligent robotics research is fostered [4]. The senior project is intended to be a culmination of an
undergraduate student’s engineering study. Through the project, students gain an understanding of engineer-
ing methods and experience as they relate to the real-world. Each year, students’ robots improve, because
students and professors build from the experience of previous years.
The Robot Soccer regulations state that the robot must fit inside a cube with sides of a length of seven

inches. Our robot was built to fit within the regulation cube. The field that the robots play on is 108 inches
by 60 inches. A yellow golf ball is used as the soccer ball [5] [6]. The name of our robot, which is shown in
Figure 1, was MaXimus.
This paper discusses the design and concerns as they relate to implementation of MaXimus. These designs

are divided into three sections: structural features, robot control, and vision. The structural features section
describes the unique physical systems of MaXimus. The robot control section describes various feedback
controls systems used to maneuver the robot and the relation between the control systems. The vision section
describes the method used to parse video to determine the location robots and ball on the soccer field.

2 Structural Features

The BYU ECEn Robot Soccer project requires design of a physical robot. MaXimus was designed to play
soccer. For this purpose, many features have been incorporated to improve MaXimus’ soccer-playing abilities.

∗Undergraduate student, walter@byu.edu.
†Undergraduate student, robbie@byu.edu.



Figure 1: MaXimus, a Robot Soccer senior project.

Figure 2 shows these features implemented in MaXimus. The golf ball, shown in Figure 2, is the ball used
in competition and is not part of the robot. The physical design of our robot was done using Pro/E and
milled using a CNC. The chassis was milled out of quarter inch aluminum stock. The front and back ends of
MaXimus are labeled in Figure 2.

Structural 
Features

Backspin
Drum

Front

Back

Regulator

Golf Ball Kicker Bar
Left Wheel

Chassis

Pressurized Gas

Figure 2: Structural Features of MaXimus.

The kicker bar shown in Figure 2 and Figure 3 gives MaXimus kicking ability. It is made of aluminum
and slides in the forward direction to “kick” the ball. A pneumatic piston, shown in Figure 3, actuates the
kicker bar. The solenoid gas value, shown in Figure 3, controls the flow of gas into the pneumatic piston. The
pressurized gas regulator connects directly to the CO2 cartridge holder and supplies gas to the solenoid gas
valve.
The backspin system helps to retain the ball at MaXimus’ front and is shown in Figure 4. When the ball is

in contact with the backspin drum, the ball spins and continually rolls toward MaXimus. A motor and pulley
supply the backspin drum with rotational velocity. With backspin on the ball, MaXimus is able to make turns
or move away from the ball and still retain the ball.

3 Robot Control

This section describes the components of MaXimus’ control system. Figure 5 shows the relationship between
the low and high level motion controller and the flow of data for the control system. The overhead camera

faces down onto the field and captures video. The vision system parses the captured video and determines
global position of the robots and ball. Artificial intelligence decides which play to run. The running play

determines the path that the robot should follow. Various skills, e.g. feedback linearization, are used to create
correctional velocities needed to move the robot along the desired paths. Those desired velocities are sent over
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Figure 3: The kicker system of MaXimus.
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Motor
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Figure 4: The backspin system of MaXimus.

radio frequency (RF) modems and read by the microcontroller. All low-level velocity control is handled by
the microcontroller, motor drivers, motors, and encoders.

3.1 Low-Level Velocity Controller

The low-level velocity controller is a major contributer to the performance of MaXimus. It resides on the
robot and ensures that the angular velocities of the wheels match desired velocities. The velocity controller
ran a much tighter feedback control loop than our competitors and with less noise in velocity estimation. This
is accomplished by eliminating two problems.

1. Noise introduced by the vision system. Velocity is obtained by approximating the derivative of position.
When noise is introduced into the signal, its high-frequency component corrupts the velocity estimation.
This noise is introduced into the signals of the vision system.

2. Latency in position update caused by the vision system equipment. Our system is constrained to discrete
signals and our velocity estimation is done using differencing methods. That is, velocities are found by
dividing the difference in position between samples by the period between samples. As the period
between samples increases, the velocity estimation becomes less accurate. Data is available from vision
system equipment at a rate of thirty frames a second. We desire a faster rate of sampling.

MaXimus’ velocity controller uses a PID feedback loop to control the velocities of the left and right wheels.
This feedback loop runs in the micro-controller and custom designed hardware. Figure 6 demonstrates the
PID feedback controller used to regulate the angular velocity. The constants Kp, Ki, and Kd are the gain
values used to tune the responsiveness of the feedback system.
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Figure 6: PID feedback controller for the angular velocity.

Error in angular position of the robot, ∆θ, is interpreted as the desired angular velocity, ωdesired. This
value, ωdesired, is feed through the PID block. The output of the PID block, the control effort, or eθ, is used to
drive the motors. The forward velocity controller uses the same configuration as the angular velocity control
with different gain values. Input for the forward velocity controller is ∆ψ or vdesired.
Our velocity controller uses DC motors with 512 counts per revolution quadrature encoders. The LS7266R1

encoder to microprocessor interface chip is used to track encoder counts and monitor the motors shaft angles.
The micro-controller calculates the motor velocity using the equation

ωmotor ≈
∆θmotor
∆t

,

where ωmotor is the motor shaft angular velocity, ∆θmotor is the difference in motor shaft angle between the
last two samples, and ∆t is the sample time period.
The wheel velocity, ωwheel, relates to ωmotor by the motor gear head ratio, Kgear. The relationship is

ωwheel =
ωmotor

Kgear

.

Recognize that there is a motor and wheel on both the left and right right sides. Subsequently, two wheel
velocities are calculated. The key words motor and wheel represent either the left or right side.
MaXimus uses a “wheel-chair” design where the wheels are perpendicular to one line that passes near the

robots center of gravity (CG). Figure 7 shows a top view of the robots wheel orientation. The wheels are
equidistant from the CG. Because of this wheel orientation, it is desirable to place the PID feedback controllers
on the angular velocity and forward velocity rather than the individual wheel velocities. Motivation for this
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Figure 7: Wheel Orientation.

came by observing the power required for acceleration of the robot in the forward direction as opposed to
acceleration in the angular direction.
Figure 8 illustrates the variables that are used in this paper. Note that ωr and ωl are the right and left

wheels velocities. The variables v and ω represent the robot’s forward and angular velocities respectively.
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Figure 8: Variable definitions.

To apply the feedback control in this manner, we must translate the actual wheel velocities to forward and
angular velocities. This is done using the following matrix transformation:

[

r
2

r
2

r
2h

−
r
2h

] [

ωr
ωl

]

=

[

v

ω

]

, (1)

where r is the wheel radius and h is the hand length or distance from the center of the robot to the center
of the robot’s front as shown in Figure 8. The control effort applied to each motor must be translated from
forward and angular effort to left and right effort. We first find the inverse of the first matrix in Equation 1:

[

r
2

r
2

r
2h

−
r
2h

]−1

=

[

1

r
h
r

1

r
−
h
r

]

. (2)

Next, find the efforts that are applied to the left and right wheels:

[

1

r
h
r

1

r
−
h
r

] [

eψ
eθ

]

=

[

er
el

]

, (3)

where er and el are the left and right wheel control efforts.

3.2 Position Controller

Feedback linearization is used to translate positional errors in the Cartesian plane, the playing field, to the
errors of the forward and angular position of the robot. These errors are used as desired velocities and are
fed into the velocity controller. Feedback linearization is ideal for positional control of MaXimus because its
location is defined in the Cartesian plane and because of the robot’s non-holonomic design. The non-holonomic
constraints limit the direction of the robot’s velocity vector [7]. MaXimus’ non-holonomic properties are due
to its “wheel-chair” design.
A hand-point is define at a fixed point relative to the robot. We have defined this point to be at the center

of the robot’s front side. All reference to position is two dimensional, looking down onto the soccer playing
field. Points relative to the playing field are defined in the Cartesian plane. A desired point at which we would
like the hand-point is defined at a location on the playing field.



The errors between the hand-point and the desired point, defined by ∆x and ∆y, are translated to ∆ψ, the
error in distance in the robot’s forward direction, and ∆θ, the error in angle of the robot, according to

[

cos θ sin θ
−

1

h
sin θ 1

h
cos θ

] [

∆x
∆y

]

=

[

∆ψ
∆θ

]

. (4)

The matrix in Equation 4 is the rotation matrix. The variable θ is the robot’s angle and h is the length of the
hand-point from the center of the robot.
Figure 9 illustrates the feedback linearization controller used in MaXimus. The block labeled “Feedback

Linearization” is the transformation matrix of Equation 4. The PID blocks reside in the robot’s microcontroller.
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Figure 9: Feedback linearization.

3.3 Path Generation

Path generation allows MaXimus to follow a desired path at a specified velocity and to avoid collision with
walls or the opponent. The path generation routine outputs a desired hand-point location which is fed into
the position controller. The desired hand-point is always generated at a fixed distance from the robot’s actual
hand-point. This ensures that the control effort produced by the position controller will be consistent.
In order to understand how the path generation routine works, we will discuss the robot’s deviation from

a desired Line path, where a Line path is a line segment that begins and ends at the desired points WPstart
and WPend (see Figure 10). All points are reference globally. The point R represents the robot’s hand-point
and is given by the vision system. The point P is the projection of the hand-point onto the path. A gray
shaded rectangle identifies common regions in Figures 10 and 11.
We desire a control effort that corrects path deviation proportionally and maintains a constant control

effort. To do this, control effort must decrease in the direction of WPend and increase in the direction of P as
the robot deviates more from the Line path.
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θ1

Figure 10: Path generation for a Line path.

A directing point, W , is found a distance h2 from P on the Line path and in the direction of WPend. The
direction of W is ideal for the robot’s hand-point to travel because it directs a deviating robot back onto the
line path and in the direction of WPend. The point W is not an ideal input for the position controller in that
large deviations will result in control saturation. For this reason a second directing point, W2, is introduced
as shown in Figure 11. The point W2 lies a distance h4 from R in the direction of W . This ensures consistant
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Figure 11: An inlarged view of the path generation method on a Line path.

effort regardless of the amount of path deviation. The point W2 is the desired hand-point location and is the
input of the position controller. Note that h2 and h4 are of fixed lengths.
A point’s coordinates are denoted by x and y subscripted with the point’s variable (i.e. the point R has

coordinates xR and yR). With the given points R, WPend, and WPstart we can find θ1 and θ2 as

θ1 = tan−1(
y

W Pstart
−y

W Pend

x
W Pend

−x
W Pstart

),

θ2 = tan−1(
y

R
−y

W Pend

y
W Pend

−x
R

).

From Figure 10 we see that θ = θ1 − θ2 when θ. The sides of the first triangle are calculated as

h1 = h0sinθ,

a1 = h1sinθ1,

b1 = h1cosθ1.

With a1 and b1, we realize the coordinates of the projection point, P , as

xP = xR + a1,
yP = yR + b1.

We find the sides of the second triangle, a2 and b2, as

a2 = a1
h2

h1

,

b2 = b1
h2

h1

.

Subsequently, the coordinates of W are
xW = xP − a2,

yW = yP + b2.

The distance between R and W , represented by h3 in Figure 11, is found as

h3 =
√

(a3)2 + (b3)2. (5)

The sides of the forth triangle, a4 and b4, are

a4 = a3
h4

h3

,

b4 = b3
h4

h3

.

The input of the position controller, W2, can be found as



xW2 = xR + a4,

yW2 = yR + b4.

In addition to Line paths, Arc paths have been implemented. This architecture can accommodate more
complex paths, e.g. Bezier Curves. Robot velocity is controlled by scaling gain values. Velocity control of the
robot as it follows a desired path is useful for ball handling, collision avoidance, and stability. Note that h2

and h4 can be set to different values to change performance so long as 0 < h4 < h2.
After implementation, our team learned that the path generation routine becomes less stable as P approches

WPend. It is important to switch input of the position controller from the generated point W2 to the actual
end of the desired path when the distance between P and the WPend is shorter than h2.

3.4 Vision

A vision system is used to locate the positions of robots and the ball on the soccer field by parsing video
captured by the overhead camera (see Figure 5). A fast, accurate vision system allows for more precise robot
control. After researching vision systems of past RoboCup teams, we decided to use a blob detection method
implemented by a team from Ngee Ann Polytechnic in Singapore [8]. The idea of this method is to locate the
centroid and mass (the total number of pixels contained within the blob) of blobs of color, where a blob is
any set of adjacent pixels of the same color. The blobs are categorized and sorted by their relative masses so
that blobs of interest may be identified. For example the ball is the only yellow object on the field. Once the
yellow blobs have been sorted then the largest yellow blob is assumed to be the blob representing the ball.
The steps of the algorithm are:

1. Locate all runs, where a run is a horizontal line segment composed of pixels of the same color.

2. Combine adjacent runs of the same color into blobs.

3. Calculate the centroid and mass of each blob that exceeds a minimum threshold.

The method for locating runs is similar to that used in run-length-encoding algorithms. Each pixel is deter-
mined to be one of five values: red, green, blue, yellow, or black (background). Runs are identified and stored
with their starting and ending pixel number, line number, and color.
Blobs are composed of adjacent runs of the same color. A run becomes part of a new blob if the run is on

the first line or the run does not match color with any adjacent runs on the previous line. A run is added to
an existing blob if the run matches color with an adjacent run on the previous line. As each run is added to
a blob, the blobs parameters are updated: its mass and the sum of pixels in the x and y directions. After all
blobs are found, the center of each blob of color is determined by dividing the x and y sums by the total mass.
This blob detection method has several advantages over the filter-based methods of our competitors:

1. The algorithm is very tolerant to noise in the data. This allowed us to specify wider color thresholds so
that as many pixels as possible could be clamped to a color value. This allowed the locations of dots of
color on the field to be more precisely determined. The whole system is also highly tolerant to changes
in lighting conditions.

2. The vision system accurately locates individual blobs of color even when blobs of the same color are
close together. Each robot has a green dot on top of it. When two robots on the field are close together,
separating the two green dots is very difficult unless you can assign each individual pixel to one of the
two dots.

3. More than two-thirds of the image data can be thrown away without significantly affecting accuracy of
the system. Processing less data allows the system to cycle quicker. This gave us a major advantage
as we could process the incoming camera data in less than 15ms per cycle (Fast enough for about 70
cycles per second). While our competitors’ vision systems were a major speed bottleneck, our rapid
cycling allowed us to devote more processing power to path generation and artificial intelligence routines
without compromising reaction time.



4 Summary and Discussion

In this paper we have described fundamental areas of design which were implemented in MaXimus, a
Robot Soccer project in the Department of Electrical and Computer Engineering at BYU. A low-level velocity
controller regulates the forward and angular velocity of our robot. A position controller generates desired
velocities necessary to move the robot to a desired point. Path generation routines allow MaXimus to track
tight line and arc paths and ensure controlled effort.
From experience, we learned that our path generation routine is less stable for short paths. To avoiding

pathological behavior, input for the position controller must be switched from path generation to the path’s
endpoint as the robots hand-point nears the end of the path.
Tactical maneuvering should be considered to handle the ball properly and to avoid the opponent. Artificial

intelligence is used to control the paths, plays, and unique tricks.
Some of the disadvantages experienced from implementation of designs discussed in this paper are as follows.

The on-board velocity controller had PID gain values that required tuning. This was more difficult than tuning
values located on the desktop PC. MaXimus’ endpoint was at the ball rather than beyond it. This meant
that control effort diminished with proximity to the ball. This allowed other robots to push MaXimus around
when near the ball.
Gain values in the PID blocks of the velocity controller as well as the distances h2 and h4 in the path

generation need to be tuned to produce more desirable behavior.

Acknowledgments

In addition to the first author, team MaXimus was composed of two other electrical and computer engineer-
ing undergraduate students: Nicolas Bikhazi and Brian Fretz, who all contributed significantly to the project.
We gratefully acknowledge the contributions of Matthew Blake and Steve Olson who were TAs for the class.

References

[1] “Robot soccer.” http://www.ee.byu.edu/ee/srprojects/robot, May 2002.

[2] M. Asada and H. Kitano, “The robocup challenge,” Robotics and Autonomous Systems, vol. 29, pp. 3–12,
1999.

[3] “Federation of international robot-soccer association (fira).” http://www.fira.net.

[4] T. Braunl, “Research relevance of mobile robot competitions,” IEEE Robotics and Automation Magazine,
vol. 6, pp. 32–37, December 1999.

[5] R. W. Beard, “Robot soccer: An ideal senior design experience,” in Proceedings of the American Control

Conference, (Chicago, Illinois), pp. 3975–3979, June 2000.

[6] R. W. Beard, J. K. Archibald, and S. A. Olson, “Robot soccer as a culminating design project for under-
graduates,” in Proceedings of the American Control Conference, (Anchorage, Alaska), May 2002.

[7] J.-H. K. Jung-Min Yang, “Sliding mode motion control of nonholonomic mobile robots,” IEEE Control

Systems Magazime, pp. 15–23, April 1999.

[8] “Blob detection.” http://www.np.edu.sg/ ˜nbk/, Feb 2002.



INTERNET TECHNOLOGY FOR FUTURE SPACE MISSIONS 
 
 

James Rash 
NASA Goddard Space Flight Center 

Greenbelt, MD 20771 
 
 

Keith Hogie, Ralph Casasanta 
Computer Sciences Corporation 

Lanham, MD 20706 
 
 

ABSTRACT 

Ongoing work at National Aeronautics and Space Administration Goddard Space Flight Center 
(NASA/GSFC), seeks to apply standard Internet applications and protocols to meet the technology 
challenge of future satellite missions. Internet protocols and technologies are under study as a future 
means to provide seamless dynamic communication among heterogeneous instruments, spacecraft, 
ground stations, constellations of spacecraft, and science investigators. 

The primary objective is to design and demonstrate in the laboratory the automated end-to-end 
transport of files in a simulated dynamic space environment using off-the-shelf, low-cost, 
commodity-level standard applications and protocols. The demonstrated functions and capabilities 
will become increasingly significant in the years to come as both earth and space science missions 
fly more sensors and the present labor-intensive, mission-specific techniques for processing and 
routing data become prohibitively. 

This paper describes how an IP-based communication architecture can support all existing 
operations concepts and how it will enable some new and complex communication and science 
concepts. The authors identify specific end-to-end data flows from the instruments to the control 
centers and scientists, and then describe how each data flow can be supported using standard Internet 
protocols and applications. The scenarios include normal data downlink and command uplink as 
well as recovery scenarios for both onboard and ground failures. The scenarios are based on an Earth 
orbiting spacecraft with downlink data rates from 300 Kbps to 4 Mbps. Included examples are based 
on designs currently being investigated for potential use by the Global Precipitation Measurement 
(GPM) mission. 

KEY WORDS 

Global Precipitation Measurement (GPM) mission, Internet Protocol (IP), mobile IP, Operating 
Missions as Nodes on the Internet (OMNI), High-Level Data Link Control (HDLC) 



INTRODUCTION 

The goal of an Internet data delivery approach is to provide the simplest, most cost-effective 
delivery of science data when and where needed. The Operating Missions as Nodes on the Internet 
(OMNI) Project at Goddard Space Flight Center (GSFC) has been demonstrating these concepts and 
working with future missions to baseline these approaches. The key issues for future National 
Aeronautics and Space Administration (NASA) missions have less to do with protocols and more to 
do with basic communication problems 

Over the past 40 years, NASA has gone from developing and operating custom solutions to adopting 
commercial off-the-shelf (COTS) products and industry standard solutions. There was a time when 
NASA drove both space and ground communication technologies. The NASA need to move large 
volumes of data reliably over noisy channels in a time-critical environment was out in front of any 
other organization. Now, with the explosion of growth in commercial terrestrial communications, the 
space community has the opportunity to use technologies into which the private sector has poured 
billions of dollars. NASA Communications (Nascom) has demonstrated the value to NASA in 
changing to IP on the ground. The opportunity now exists for NASA to complete this transition in 
space.  

This paper will briefly describe the methods and protocols that NASA previously used to 
communicate with its spacecraft. The discussion then describes newer approaches, some of which 
are being studied under contract for the GSFC for the Global Precipitation Measurement (GPM) 
mission. This possible GPM approach uses standard Internet technologies and protocols to support 
all aspects of data communications with the spacecraft. 

NASA/GSFC LEGACY MISSION SUPPORT INFRASTRUCTURE 

NASA initially used a communications backbone that consisted of specially developed hardware and 
software components. This legacy system required constant monitoring to support all of the on-orbit 
missions. Installing new features required extensive development and testing efforts. The Nascom 
group provided the support personnel who were responsible to continually manage the lines and 
circuits to ensure that the operations team could communicate with the spacecraft on an as-needed 
basis. As can been seen from Figure 1, as Nascom moved to more standard protocols the throughput 
capacity increased, allowing Nascom to support missions with progressively higher data rates.  

Earlier NASA missions employed an old style tape recorder to store science and housekeeping data. 
When the spacecraft was in contact with a ground station, the recorder was commanded to rewind 
and begin a playback. With the advent of the next generation of missions, NASA moved to a space-
qualified solid-state recorder (SSR), but the SSR still emulated the older style tape recorders. With 
either of the previous data storage techniques, there was no concept of files; the data was simply 
stored on-board as a stream of data. Whenever a station contact occurred, the operations team would 
request a data downlink based upon the on-board computer’s addressing scheme. 

Under the legacy mission domain, a major concept was that the telemetry downlink formats and 
protocols were different from those in the corresponding command operations procedures (COP) 
protocols1. These different formats and protocols had to be tested prior to launch to ensure that the 
spacecraft had been successfully checked out. Under this approach, the telemetry downlink was used 
to provide a return link to verify that the commands were received in the correct sequence. To 
correctly design this type of an approach, unique application SW was required both on the ground 
and on the spacecraft to ensure that commands were not received out of sequence. This unique 
application code also required extra test time to ensure that the code worked as designed. Figure 1 



identifies the underlying data delivery protocols that Nascom has used since the early 1960s as well 
as the network throughput capacity using these protocols during that period. 

Figure 1. NASA Data Delivery Protocols – Evolution and Throughput Capacity 
Upgrades 

NASA/GSFC NASCOM TRANSITION 

As indicated in Figure 1, Nascom began an evolution towards a ground-based IP routing mechanism 
by developing and deploying the small conversion devices (SCD) and programmable telemetry 
processors (PTPs). These devices supported the use of IP for the ground transport of data; however, 
at that time there still were no modifications to the spacecraft or ground systems. After the IP 
transition (which could be regarded as a watershed event), Nascom ultimately supported a dramatic 
increase in the overall data throughput rates. Another benefit of the IP transition was that Nascom 
could now more thoroughly use commodity-level standards and COTS HW solutions to transport the 
data received at a ground station. However, the basic spacecraft and ground systems were still based 
on the legacy concepts; NASA/GSFC had not incorporated Internet protocols in a complete end-to-
end approach. 

This all changed in the mid-1990s; NASA/GSFC began funding concepts and prototyping efforts to 
explore the use of a full IP-based communications protocol for space missions. This approach is 
leveraged against the Open Systems Interconnection (OSI) seven-layer reference model for data 
communications as noted in Figure 2. The OMNI Project at GSFC provided a focal point not only 
for IP-based prototyping to identify concepts, rationale, and requirements for the full use of IP for 
space missions but also for testing and evaluating the various IP-based approaches and solutions. 
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Figure 2. OSI Reference Model for space missions 

POTENTIAL NEW APPROACH FOR GPM 

In 2002, the OMNI Project began studying data system concepts for the GPM mission to identify 
and document how IP could be used in both the space segment and the ground segment. The 
essential objective was to route data from the instruments on-board the spacecraft all the way to the 
end users at either the mission operations control center or any group of science users. The GPM 
mission architecture, data flows, and concepts are described in greater detail in the draft Global 
Precipitation Measurement (GPM) Spacecraft and Instrument Telemetry Data Flow Interfaces and 
Operations Concepts document [2]. A draft spacecraft architectural system, as depicted in Fig. 3, was 
identified to support the GPM mission. This architectural concept employs fault-tolerant concepts 
with dual Ethernet Local Area Networks (LANs), dual on-board computers (OBCs), and dual 
up/down cards that also perform more routing functions.  

A major shift for the GPM mission is to replace the storage concept, since the GPM spacecraft will 
be designed with a modern operating system that supports file management. The GPM spacecraft 
will store the science data as files rather than storing the data as a stream onto a SSR. Another 
conceptual change under review is the data transport mechanisms used to support the spacecraft data 
transfer (both uplink and downlink of data). A fully redundant Ethernet LAN is being considered to 
support data transfer between the science instruments, the on-board computers (OBCs), and the 
up/down cards using UDP/IP packets to transport the data. A MIL-STD 1553 data bus is used as the 
data transport mechanism among other spacecraft subsystems using the current data packet concepts 
(e.g., between the attitude control subsystem and the OBC). The GPM spacecraft may use the 
Multicast Dissemination Protocol (MDP) [3] applications task, which guarantees reliable data file 
delivery over a variety of link types, either infrequent return links or full duplex links. 

Additionally, the OMNI Project suggested the use of High-Level Data Link Control (HDLC) 
framing for the link layer for the space-ground RF transmissions. The proposed use of HDLC is not 
considered risky, because HDLC is the dominant link layer standard in terrestrial networks. Further, 
currently there are eighty spacecraft that currently employ this link layer framing technique. GSFC 
has funded additional studies on the use of HDLC as a link framing technique on noisy space links; 
including a study completed by ITT Industries on the use of HDLC framing compared to CCSDS 
framing; these studies and results can be found on the OMNI web site [4]. The OMNI Project also 
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proposed that the GPM mission use a standard router at the ground station with the corresponding IP 
mobility and security protocols enabled.  

 

Figure 3 - Proposed Architectural Concepts for GPM Spacecraft 

On-board science data transport concepts 

The science instruments format their data into UDP/IP packets for transport to the OBC via the 
Ethernet LAN; the real-time housekeeping data are sent to the OBC via the MIL-STD 1553 bus. In 
the OBC, the science data are removed from the UDP packets and stored into files. These files 
normally contain one minute’s worth of science data; but the OBC can be commanded to use 
different time slices to handle different situations, like a TDRSS handover. The OBC contains a 
storage management (SM) task, which provides file management for the spacecraft. It opens new 
files, adds the data from real-time UDP packets into the files and then closes the files when the 
maximum time limit, usually one minute, is reached. The SM task then moves the file into the “hot 
directory” for MDP to begin the associated processing to downlink the file. In this example, MDP 
acts as the initiator of the file transfer to the ground.  

Data downlink from spacecraft to ground station  

The data downlink consists of both real-time housekeeping data in UDP/IP packets and the science 
data files downlinked using an MDP server task on the spacecraft. These application data, both real-
time and science data are inserted into UDP/IP packets with the appropriate header formats, 
including the Ethernet, IP, and UDP headers. The data are transferred to the up/down card/router. 
The up/down card throttles the data to the I and Q channels at an average rate of 150 kbps. When 
required, the mission operations center (MOC) can schedule an S-band single access (SSA) pass to 
provide an increase to the downlink rate and provide the capability of downlinking a large volume of 
data in a short period of time. The MOC would schedule an SSA pass in the event that there is a 
backlog of science data on-board the spacecraft occurring from a long TDRSS outage (over thirty 
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minutes in duration). Shorter TDRSS outages will be handled by the excess bandwidth within the 
multiple access (MA) link. 

The router or up/down card extracts the application data from the Ethernet header and checks the 
UPD/IP header fields and determines that the data are external to the local network. The up/down 
card is responsible for adding the link layer header/trailer artifacts. The data are inserted into a new 
packet using an HDLC header frame and “bit stuffed” to mask any application data patterns that 
could match the HDLC one-byte flag pattern; this bit stuffing ensures that the HDLC flag byte can 
be used as a frame delimiter. An OMNI Project study using three current NASA missions (WIND, 
POLAR, and SOHO) concluded that the bit-stuffing overhead averaged approximately 1% for the 
set of sample science data. Additional details are presented in the OMNI paper [5] HDLC Link 
Framing for Future Space Missions. 

The data are converted into a serial stream for transmission by the antenna to the ground site. At the 
ground station antenna, the data are received as a serial stream and transferred to a local router. The 
router strips and processes the HDLC frame header/trailer fields (e.g., the frame sync and the CRC 
information), checks the UDP/IP header information to determine the next destination for the data 
and begins the routing process for an eventual transmission of the data to that address. On the 
ground, the standard protocols are used to route the spacecraft’s housekeeping data to the control 
center or any other desired location. On the ground, the routers continually monitor the data quality 
by checking the HDLC/Ethernet CRC information as well as the IP checksum and UDP checksum 
fields. The checks using these fields ensure that only “good quality” data are transmitted; no “bad 
quality” data would be transmitted to the end-user. 

MDP is a reliable file transfer application built upon UDP and is one of many current applications 
used to support a reliable multicast transport (RMT) protocol. The Internet Engineering Task Force 
(IETF) has chartered a working group, the RMT WG, to standardize reliable multicast transport 
protocols for “one-to-many bulk data” transport. Additional details on the roles, responsibilities, and 
charters of the RMT WG are contained on the IETF web site [6]. 

The OMNI group is currently prototyping an MDP based approach for a reliable file transfer to 
support a space to ground transfer of the on-board files. With MDP, minimal, or no, operator 
intervention is required to downlink stored files. The OBC contains a storage management (SM) 
task, which acts as the initiator of the data transfer when a file is complete with its allotted science 
data. The SM task will put the science data file into the MDP’s “hot directory”, which triggers MDP 
to begin processing this file for downlink to the ground station. The MDP application will segment 
the science files into one Kbyte packets; MDP sends these 1-Kbyte packets to spacecraft’s up/down 
card where the identical processing as discussed previously is done. Once on the ground, the data are 
routed using the original destination information, as sent from the spacecraft.  The real-time 
spacecraft data are forwarded to the MOC and used to monitor and trend the health and safety of the 
spacecraft and instruments. At the ground station, a variety of options are available to disseminate 
the science data, including file storing and forwarding, forwarding data as UDP packets to one 
central location, or multicasting these UDP science packets, or any combination of these options.  

As one of the scenarios, the data initially could be transferred to a client MDP task on the ground 
station. This MDP client task reassembles the 1-Kbyte packets into a copy of the original file and 
maintains the responsibility for ensuring data completeness by transmitting the necessary 
acknowledgments or negative acknowledgments.  This MDP client task provides a post-processing 
option that enables this file to be transferred to any required user or group of users. As an alternative 
example, the real-time science data initially bypass the MDP client and are automatically routed to 
all science users who need the data for real-time displays. The data also are routed to the MOC (or 
any other central location) where again the MDP client task reassembles the 1-Kbyte packets into 
the copy of the original file and performs the necessary processing to ensure data completeness. 



These data routing alternatives are examples of the ways in which the mission engineering trade 
space is opened up through the use of standard networking technologies and protocols. 

Real-time TCP/IP commanding 

Under the proposed approach, the spacecraft becomes a mobile node on a network and becomes 
attached to that network successively at the different ground stations. Advanced groups in private 
industry are currently addressing a similar issue in relation to wireless networking for cars, laptops, 
personal digital assistants (PDAs), and a multitude of other electronic devices that will be mobile 
and require IP network access. The IETF is currently working to establish the standards, practices 
and applications for wireless networking for mobile nodes. 

GPM is considering the proposed use of standard mobile IP protocols to support the forward link 
required for a TCP/IP connection for real-time command delivery. The router located at the station 
will have both mobile IP and IP security protocols enabled to support the GPM mission. The router 
will act as the foreign agent and advertise its availability; this agent advertisement will be scheduled 
to occur several seconds before the actual time that the forward link is scheduled to begin. Within a 
matter of seconds and with a minimum of 2-3 packets, the spacecraft and the MOC have established 
a tunnel by which data from the MOC can be uplinked to the spacecraft. This uplink data consists of 
command data, the MDP ACK list and the MDP NACK list. The command data are used to continue 
spacecraft and instrument operations and to maintain the health and safety of the mission.  The 
NACK list is used to request retransmission of missing data while the ACK list is used to confirm 
the successful receipt of the data file at the MOC.  

UDP/IP for commanding in the blind 

The non-reliable data transport for command data is accomplished using a connectionless UDP 
session. This is similar in concept to what is done to support current mission with CCSDS blind 
commanding. In this scenario, no mobile IP routing is established since by definition, mobile IP 
implies a two-way connection. For blind commanding, it is necessary to establish a forward link to 
the spacecraft to uplink some type of data (commands). Instead of mobile IP and the agent 
advertisement that would be performed by the ground station routers, the MOC manually establishes 
a tunnel to a specific ground station router; this would be analogous with the approach that the 
MOC’s currently use to establish a session with a specific station/antenna as part of the pre-pass 
setups. The process can be automated to occur several minutes before a station contact, or, in the 
event of a critical spacecraft problem, the FOT can command it to occur when a station can 
communicate with the spacecraft. Once the tunnel is established between the MOC and the ground 
station, the command data are transmitted to the station in UDP packets. 

Fail-over and recovery scenarios 

GPM has considered the use of backup ground stations to support the mission in the event of a 
failure of the GPM-TDRSS communications link. In the event of this contingency situation, the data 
delivery requirements will be relaxed because of the somewhat infrequent station contacts and the 
short station contact times, nominally on the order of 7-minutes. To fully support this scenario, the 
ground site(s) would only need to have a standard router that supports both IP security and mobility 
protocols. However, while the real-time data would not always be flowing to all science users, the 
MOC would still provide the files for the complete set of science products. During the contact, the 
MOC would command the spacecraft to downlink the data at a rate up to 4 Mbps, depending upon 
the station supporting the ground contact. The downlink rate needs to be sufficient to allow 
transmission of all science and housekeeping files and real-time spacecraft data and to ensure that 
NACKs/ACKs can be sent to the spacecraft before the end of the contact. Whatever data are not 
successfully transmitted during the contact will be resent at the next available station contact. 



In this scenario, the GPM instruments continue to create the science data and the OBC will create 
the files corresponding to the data and put these files into the “hot directory”. These files will reside 
on-board the spacecraft until the spacecraft establishes a downlink with the MOC. When the 
spacecraft has a downlink established, the MDP server automatically begins transmitting the files. 

FUTURE EFFORTS 

The OMNI Project is tasked to complete several trade studies and prototyping efforts over the next 
year to provide additional input on how GPM could be designed to use a full IP implementation. The 
OMNI Project has another effort underway to demonstrate and support basic IP connectivity on the 
space link, mobile-IP routing, and a flight-based MDP system, on the Communication and 
Navigation Demonstration on Shuttle (CANDOS) mission, which is scheduled to be tested in the 
summer of 2002. CANDOS has its own independent transceiver, which will be used to directly 
contact either ground stations or TDRSS, independent of the Shuttle communications system. These 
concepts are discussed in the paper “Space Communications Demonstration Using Internet 
Technology”[7]. 

CONCLUSIONS 

As previously described in this paper, the full use of an IP implementation for a space mission can 
be done with minimum risk. A full end-to-end IP approach provides simple and flexible 
communications that manages all mission requirements. Technically, IP works fine in space; there 
are no showstoppers. The only remaining concern is simply the application of a standard engineering 
process with the engineering solution space enlarged. IP enables advanced mission concepts (e.g., 
collaborative science) and allows better alignment with industry standards and products. IP supports 
a simpler, yet more capable, overall mission design and enables a simpler operations solution. 

The OMNI Project has shown that a complete IP system not only can be done but also has been 
done. The OMNI Project has successfully completed several prototyping and demonstration 
activities using a total end-to-end IP-based architecture. The OMNI Black Sea mission employed an 
IP data communications approach to transmit live data during the 1999solar eclipse from the Black 
Sea. OMNI then followed up with the UoSat-12 mission and the laboratory OMNI Flatsat 
development. The OMNI Project is currently supporting the CANDOS mission. These approaches 
and results also are documented on the OMNI website [8]. The next generation solutions are on the 
drawing board. The vision will include a full end-to-end IP solution that will evolve to support 
advanced mission concepts and profiles as depicted in Fig. 4, with levels of interoperability for 
future missions that have not been available in a cost-effective manner up to this time. This approach 
will make it easier for a constellation of satellites to directly communicate with one another, 
transferring data directly between the spacecraft rather than downlinking data, processing it on the 
ground and then uplinking the data. The use of commodity-level standard transport and routing 
protocols will reduce development costs, shorten schedules, and allow for earlier integration and test 
activities, thereby maximizing science return per dollar invested. 



Figure 4 - Evolutionary Vision of IP for Mission Applications 
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ABSTRACT 

A necessary step for using Internet Protocols in space is to establish the basic link-layer framing 
protocol for delivering Internet datagrams over satellite RF links.  This paper discusses the low-level 
data link issues related to using the ISO standard High-level Data Link Control (HDLC) protocol to 
support spacecraft communications. A major driver for using HDLC is its very wide usage in the 
Internet today and the large amount of commercially available network equipment and test equipment. 

The results of a high-fidelity link simulation using HDLC are presented along with results of tests 
performed in 2000-2001 using Internet protocols over HDLC on the UoSAT-12 spacecraft. A rationale 
is provided for the selection of HDLC/Frame-Relay framing along with the IETF multi-protocol 
encapsulation.  It also discusses the historical usage of HDLC on over 70 satellite missions. 

The paper also describes how HDLC relates to various applications of forward-error-correction (FEC) 
coding techniques, such as convolutional coding and Reed-Solomon.  It describes approaches for using 
these techniques in ways that are independent of the protocols used at the data link layer and above. It 
covers issues primarily related to layer 2 (Data Link) and its relationship to layer 1 (Physical). It does 
not cover layer 3 (Network) and above. 

INTRODUCTION 

The use of the ubiquitous IP protocol suite on space-to-ground links has many wide ranging advantages. 
These include the availability of low cost network hardware, application software, and experienced 
programmers. In order to take maximum advantage of the recent explosion in technology, the space-to-
ground links must be compatible with ground based technology down to at least the link layer. There 
have been a number of groups experimenting with encapsulating IP into the currently used CCSDS 
transfer frame format as the link layer. Although perfectly viable, this approach has the disadvantage of 
not being compatible with any commercial network hardware currently on the market. A non-standard 
gateway is then required to receive the encapsulated IP and relay it in more commonly used ethernet or 
frame-relay format. This negates many of the advantages of using IP since specialized hardware and 
software is still needed in all phases of the mission life from development through operations.  

In this paper we consider the HDLC/Frame-Relay link layer protocol as a possible candidate for space 
missions having downlink data rates less that 45Mb/s. Frame-Relay is commonly used in commercial 
networks for wide area network connections and is supported by many vendors. Our investigation has 
involved several phases. A detailed laboratory simulation comparing the performance of the current 
CCSDS protocol with HDLC in both the uncoded and convolutionally coded cases was performed using 
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an existing TDRSS link simulator developed by ITT industries. A flight test of IP over the Frame-Relay 
protocol was also performed by porting an IP stack with some basic applications to the UoSAT-12 
spacecraft that is owned and operated by Surrey Satellite Technology Ltd.    

AN OVERVIEW OF THE HDLC PROTOCOL 

Based on its near-universal use on the terrestrial Internet, NASA’s Operating Missions as Nodes on the 
Internet (OMNI) project chose HDLC framing as a candidate link-layer protocol on space-to-ground 
links.  This allows simple, straightforward interfacing with existing commercial routers in the ground 
station. HDLC has been used in communication equipment for over 30 years and provides basic framing 
for many serial line protocols such as IBM’s synchronous data link control (SDLC), Frame Relay, X.25, 
SLIP, PPP, LAPM, and LAPB. 

As indicated in figure 1, at the physical link layer, HDLC framing is extremely simple, consisting of 
only a 1-byte flag pattern, a variable number of data bytes, and a 2-byte CRC. During any idle time, 
successive flag bytes are output until the next frame begins. Flag bytes consist of a zero bit, 6 one bits, 
and a zero bit (01111110).  In order to prevent this pattern from occurring in the data, the HDLC 
hardware performs "bit stuffing" when sending data.  Any sequence of 5 one bits in the data 
automatically has a zero bit inserted after it, thus insuring that any sequence of 6 consecutive one bits 
must be a flag byte.  On receipt, these extra zero bits are automatically removed from the data by the 
hardware. 

While the primary purpose of  "bit stuffing" is to ensure the uniqueness of the flag byte, it also has an 
additional benefit.  It prevents long unbroken strings of ones from being sent to the transmitter. These 
periodic transitions are important at the receiver, where a bit-synchronizer depends on them to extract 
the clock and data bitstreams from the raw signal. Along the same lines, the use of standard non-return-
to-zero (NRZI) coding for the HDLC output will insure that an unbroken sequence of zero bits in the 
data stream becomes transformed into an alternating sequence of ones and zeros.  Thus, the use of "bit 
stuffing", idle flag bytes, and NRZI coding insures that the transmitter will never send an unmodulated 
carrier, and the receiver will see a transition at least once every 6 bit times. Some modern receivers 
however have difficulty maintaining lock on signals containing a repeating data pattern. Standard bit-
scrambling algorithms that are currently used to avoid patterns in a bitstream are also applicable here. It 
is important to note that these “space specific” requirements can be met by standard COTS hardware 
and protocols without inventing any “space specific” solutions.  It should be further noted that these 
solutions are isolated to the lowest layer and are transparent to the upper layers.  None of the protocols 
layers need to worry about generating "fill packets" or "fill frames". 

The OMNI project considered various commercially available encapsulation mechanisms for use over 
HDLC.  There were two major criteria for selecting the encapsulation method to use: 
• the encapsulation could not require full-duplex links since full-duplex links might not be available 

during a spacecraft emergency 
• the encapsulation must be interoperable between many vendors routers since no group can ensure 

that all routers at all ground stations will come from the same vendor  
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Figure 1 - HDLC/Frame Relay/IP formats 



   
The first criteria ruled out protocols like Serial Line IP (SLIP) and Point-to-Point Protocol  (PPP) 
because they need full-duplex links for parameter negotiation at startup.  The second criteria ruled out 
protocols such as Cisco’s default HDLC encapsulation which uses a Cisco specific HDLC header. 

This led to the choice of the IETF encapsulation for multi-protocol over frame-relay/HDLC specified in 
RFC 2427.  In the OMNI tests with UoSAT-12 the actual header format consisted of simply inserting 4 
bytes of fixed information at the start of each HDLC frame.  The first 2 bytes are a standard Frame 
Relay header with a few status bits and a virtual channel number or Data Link Connection Identifier 
(DLCI).  Also, since this is a standard Frame-Relay header, a spacecraft could actually use the DLCI to 
provide additional channelization and routing in addition to the IP capabilities.  This could be used 
along with standard Frame-Relay equipment at the ground station.  The next 2 bytes in the header 
simply indicate that the contents of this frame are an IP packet.  There are also standard IETF definitions 
that allow the transport of other protocols in the data area of the frame. 

This data link framing provides capabilities identical to those used by current spacecraft.  An application 
level science or telemetry packet inside of a User Datagram Protocol (UDP) packet with an IP header 
and HDLC is delivered through space exactly like current data.  The main difference is that by using IP 
and HDLC headers the data leaving the spacecraft is in a format that can be directly ingested by COTS 
Internet equipment on the ground. 

Supporting data rates over 45 Mbps using commercial routers requires using a framing technique other 
than just HDLC.  Commercial routers have interfaces that support data rates up to 45 Mbps using HDLC 
framing over High-Speed Serial Interfaces (HSSI) but shift to Synchronous Optical Network (SONET) 
interfaces for data rates of 155 Mbps, 622 Mbps and 2.4 Gbps.  These interfaces have traditionally used 
Asynchrounous Transfer Mode (ATM) cells to frame IP packets over SONET.   

One objection to using ATM for science satellite communication is the 10% overhead imposed by the 
ATM cell format.  ATM cells contain 48 bytes of data with an additional 5 bytes of cell header.  IP 
packets must be broken into 48 byte pieces with some additional information added to help the receiver 
reassemble the packet.  This process of splitting the IP packet adds complexity and results in additional 
error cases where the loss of a single ATM cell results in the loss of the entire IP packet.  In an 
environment like ground fiber links with large amounts of bandwidth these issues have traditionally 
been accepted.  However, as the Internet grows and users want more and more bandwidth, alternatives 
to ATM cells have arisen. 

One of the more popular alternatives to ATM cells for high-speed IP support is to bypass the overhead 
of ATM and put IP packets into SONET.  This format is called Packet over SONET (POS).  There is 
still some framing needed but the framing has gone back to the traditional mode of using HDLC framing 
to put one IP packet in one HDLC frame and carry that over SONET.  A PPP header is also added and 
the end result is very similar to the multi-protocol over Frame Relay format described above. 

One concern the authors have with this format is that PPP requires a full-duplex link so it can negotiate 
some parameters.  This presents a problem for spacecraft use because there must be a way to send blind 
commands to a spacecraft without any two-way communication.  This is necessary for spacecraft 
emergency situations when normal two-way communication with the spacecraft is not available. 

However, spacecraft with this type of high-rate downlink normally have multiple transmitters operating 
at both low and high rates.  They also would not normally be attempting any high-rate downlink if the 
spacecraft was in trouble. A choice of link protocols for data rates above 45 Mbps needs further work to 
determine the applicability of Packet over SONET for spacecraft. 

A major concern for satellite system engineers is both the processing overhead and byte overhead 
associated with protocols.  This is not a major issue for onboard LAN protocols where bandwidth is not 
as severely limited.  Overhead is an issue on the space-to-ground link where bandwidth is often limited 
due to standard RF link budgets affected by power, error rate, signal quality, and distance.  

The overhead of HDLC is very minimal with only the following fields 



   
• 1-byte flag or sync byte 
• 4-byte Frame Relay and IP encapsulation header 
• 2-byte CRC for error detection 
• overhead imposed by bit-stuffing 

This framing overhead is as small as other space framing formats used today but there are still concerns 
about the variable overhead generated by the bit-stuffing function. The extreme case would be an 
overhead of 20%, which would result from a frame containing all one bits and a zero bit would be 
inserted after every fifth bit.  However this scenario is very unlikely since a frame containing all ones 
contains no information. Examination of several data files from the WIND, POLAR, and SOHO 
spacecraft indicates a realistic HDLC bit-stuffing overhead is in the 1-3% range. 

Another approach to dealing with potential erroneous bit recovery on these links is to include additional 
bits that the receiver can use to detect and correct damaged bits.  This type of coding is referred to a 
forward-error-correction (FEC) since the error correction information is passed forward with the data.  
Various FEC coding schemes have been devised over the years.  Some of the most common FEC 
techniques are convolutional coding and Reed-Solomon (R-S) coding.  

The major difference between these two coding techniques is that convolutional coding operates on a 
serial bitstream with no specific byte boundaries while Reed-Solomon coding operates on fixed size 
blocks of data.  A convolutional encoder accepts individual bits, adds additional coding bits based on a 
predictable algorithm, and passes out the encoded bitstream.  A convolutional decoder reverses this 
process by identifying the original pattern, removing the additional bits, and passing out the original 
bitstream.  The additional bits provide sufficient information so that some errors can be detected and 
corrected by the decoder. 

Reed-Solomon coding does not insert bits into the middle of the data but appends check symbols to a 
whole block of data.  These symbols can later be used to detect and correct errors that may have been 
introduced in the data.  Since RS coding operates on a block of data the receiver must locate the RS 
synchronization pattern at the beginning of the code block. The CCSDS Reed-Solomon coding 
specification uses a 4-byte synchronization pattern (0x1acffc1d) to delimit the code blocks and a 
(223,32) coding scheme.  Using a 4-byte pattern and fixed length blocks provides a robust sync 
detection in more severe bit error environments.  The long sync pattern is less likely to spuriously occur 
due to bit errors and the fixed length blocks allow the receiver to "flywheel" or assume where a sync 
pattern should be and continue processing data without dropping lock.   

The Intelsat Technical Note TN309.5 specifies a Reed-Solomon code for commercial carriers to use and 
it has a 4-byte sync pattern (0x5a0fbe66) and Reed-Solomon code parameters of (219,201,9).  It also 
specifies an interleaving scheme to distribute burst errors over wider areas of data and increase the 
probability of error correction.  A common use of these Intelsat communication links is to provide WAN 
connectivity between switches and routers transmitting HDLC frames.  Another commercial application 
of Reed-Solomon coding is in Digital Video Broadcasting (DVB) which uses yet another Reed-Solomon 
coding algorithm.  The main point is that many communication applications use forward error correction 
techniques today but it is used to simply provide better link quality and is independent of any data link 
framing implemented by higher level users. 

This is different from many current spacecraft systems where the RS framing is also used as the data 
link framing.  However, this then forces each data link frame to be fixed length to match the RS code 
block length.  The main problem with this is that science and engineering data packets are normally not 
the same size as the RS frame.   

Fitting various length packets into fixed length RS frames means that additional information must be 
included along with the packets.  This information indicates where the first packet starts in a frame and 
how long each packet is.  Since the various packet sizes do not fit evenly into RS frames, packets are 
also split between frames.   



   

If there are too many bit errors in a frame the Reed/Solomon coding will not be able to correct the bits.  
In this case the frame is discarded along with the part of the packet from the previous and following 
frames.   

One of the most important issues in this paper is to note that unlike current space communication 
systems, commercial network products perform forward error correction (FEC) coding, such as Reed-
Solomon or convolutional, independently from the data link framing.  This is in accordance with the OSI 
layered model of networking, where framing is carried on at the data link layer and coding is down at 
the physical layer.  The coding simply treats the data link frames as a bit-stream to be protected.  This is 
a key difference between the current data formats used in many space missions and the OMNI 
architecture. 

This separation, as illustrated in figure 2, is the standard way Internet connectivity is deployed across 
commercial satellite links.  Commercially available satellite modems support many modulation and 
coding techniques to improve the bit error rate (BER) of bits passed through communication satellites.  
However, the inputs and outputs of these modems are simply a clock and data bitstream.  This allows 
users to connect whatever network equipment they want and use any framing protocol desired.  There is 
no relationship between the users data link framing and any framing that might be used over the RF link. 
 This approach allows future spacecraft to use new and better coding schemes by only changing the FEC 
processor in their transmitters/receivers without any changes in the rest of the installed equipment 
onboard or in ground systems. 

Reed-Solomon coding is also commonly used as a bit level FEC mechanism for many other applications 
such as cable modems, ADSL, cell phones, direct-broadcast TV, and CD-ROMs.  These applications do 
not use the RS code block for data link framing but simply to provide better data quality to the bitstream 
being delivered. 

Finally, separating the Reed/Solomon code block framing from the data link framing eliminates the 
current need for fill frames and fill packets.  Since the space link uses synchronous clocking, conditions 
occur where there is no upper layer data to be sent but frames must still be output.  Current protocols 
implement fill packets to be used to fill out frames to meet frame output timing requirements.  This 
added complexity goes away when RS coding is separated from data link framing. 

The Reed-Solomon coding simply operates on a bit level and is constantly accepting bits without any 
relationship to whether the upper layers are sending frames or not.  This is the way Reed/Solomon 
coding is used in all other commercial applications.  This is also the way that Reed/Solomon coding has 
been used on the WIND and POLAR spacecraft for the last 5 years. 
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Figure 2 - Separation of HDLC Framing and RS Coding 



   
A DETAILED SIMULATION 

ITT Industries developed and operates a high fidelity end-to-end link simulator for NASA’s Tracking 
and Data Relay Satellite (TDRS) system. The simulator is capable of providing accurate bit error rate 
and throughput estimates for CCSDS frames relayed through a TDRSS satellite link. In an effort to 
provide an accurate comparison of the throughput at various bit error rates between the CCSDS transfer 
frame and Frame-Relay as link layer protocols, ITT developed an HDLC simulation model to 
incorporate into their simulator. The addition of the HDLC simulation model has allowed a side by side 
throughput comparison to be performed between CCSDS and HDLC at a variety of bit error rates and 
packet sizes. 

The overall architecture of the simulation model is illustrated in Figure 3. The model consists of four 
main components. They are: 

• Customer Spacecraft Transmitter 
• TDRS  Transponder 
• Ground Station Receiver 
• Metric Estimator 

The customer satellite model generates IP packets that are passed to a framing model which performs 
either CCSDS or HDLC framing. Options for both Reed-Solomon and convolutional encoding are 
available before the data is passed to the physical layer model for transmission to TDRS. 

The TDRS transponder model incorporates the effects of linear and nonlinear distortions encountered 
during frequency translation, filtering, and amplification of the customer spacecraft signal.  The 
simulation adds thermal noise to the customer spacecraft signal before and after the TDRS transponder 
to account for the space-to-space and space-to-ground link effects. 
 

Figure 3 – Functional Diagram of the Simulation Model 

The ground station model simulates the physical layer characteristics of the receiver equipment. It also 
incorporates optional Viterbi and Reed-Solomon decoders to match the FEC options selected in the 
Customer Satellite model. The resulting data stream is then passed to either the CCSDS or HDLC frame 
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readers for data recovery. The metric estimator then compares the resulting output data with the original 
input data to produce the desired bit error rate and throughput statistics. 

The scenarios that were modeled for this study combined a variety of packet sizes in both uncoded and 
convolutionally coded cases. The relationship between packet size and throughput is a function of bit 
error rate and protocol overhead. At low bit error rates many small packets have more overhead than a 
few large packets. Therefore large packets produce higher throughput than small packets. On noisy links 
bit errors typically cause the loss of an entire packet. Therefore small packets produce higher throughput 
since less data is lost for each bit error.  

Forward error correction techniques typically produce a fixed improvement in the BER. Although both 
Reed-Solomon and convolutional coding are available in the simulation model, this study was 
performed using only the convolutional coding option due primarily to time constraints. .. The final 
matrix of cases that were simulated included packet lengths of 64, 256, 1024, 1500, and 4096 bytes both 
uncoded and convolutionally coded for both CCSDS and HDLC protocols. 

Figure 4 summarizes the results for the uncoded cases. At the advertised BER for the TDRS system of 
1e-5, the HDLC protocol slightly outperforms CCSDS for the larger packet sizes. As the BER increases 
HDLC continues to provide improvement of a few percent over CCSDS. At lower BER’s however the 
CCSDS performance increases providing slightly better performance than HDLC. These performance 
differences are only on the order of a few percent at best and cannot be considered significant when 
choosing a protocol to use. 

Figure 5 summarizes the results for the convolutionally coded cases. As one might expect the results are 
similar. The improvement in BER afforded by the coding tends to shift the results toward higher BER 
but does not change the relative performance between the individual cases.  Although not examined in 
this study, the throughput results for the concatenated coding case (convolutional coding plus Reed-
Solomon) would be expected to trend similar to those for the convolutional coding case. 

Figure 4 – Throughput versus BER for the uncoded test cases 
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follows:

                                        MAX THROUGHPUT (Approx)
      PACKET SIZE           CCSDS                  HDLC
         64 bytes                 68.1%                  61.0%
        256 bytes                91.2%                  88.3%
       1024 bytes               97.2%                  95.6%
       1500 bytes           Not Examined           96.6%
       4096 bytes               99.0%              Not Examined

Observations:
- At the specified TDRSS operating point of 1E-5 BER, HDLC  
outperforms CCSDS (for a given packet size).
- As the BER improves beyond 1E-5, CCSDS begins to 
outperform HDLC.



   

Figure 5 – Throughput versus BER for the convolutionally coded test cases 

A SPACE-BASED DEMONSTRATION 

In late 1999 the OMNI project had been looking for opportunities to test these "Internet in Space" 
concepts on an orbiting spacecraft.  However, many of the spacecraft candidates were deemed 
unsuitable due primarily to their onboard communication hardware.  The key issue was to find a 
spacecraft that could support HDLC framing in hardware to allow simple, straightforward interfacing 
with existing commercial routers.  These requirements made UoSAT-12, a spacecraft launched in May 
1999 by Surrey Satellite Technology Ltd. (SSTL), an ideal test platform, as it already used HDLC 
framing to carry its AX.25 protocol. The AX.25 protocol and HDLC framing have been used on over 70 
spacecraft over the last 20 years.  Since HDLC interface hardware was already present on-board, only 
flight software changes would be required to adapt UoSAT-12 to use IP.  Changes to the ground station 
would also be minimal, requiring only the addition of a standard commercial router and a programmable 
switch. 

Since the SSTL ground station already supported HDLC framing, a standard Internet router was the only 
addition needed.  Figure 8 indicates the basic components of the ground station and where the router 
was added in parallel with the existing AX.25 communication front-end.  The only station 
reconfiguration required was to select which system is connected to the transmitter.  This is done with a 
controllable switch, which supports fully automated passes for either the IP or AX.25 mode. 

The SSTL ground station is built on an Ethernet LAN with firewalls and router connectivity to the 
Internet. Two addresses were used on the ground station LAN to support these tests.  One address was 
used for the Ethernet interface on the router and the other address was assigned to the spacecraft. 

In February 2000 work was initiated to port a standard IP stack to the SpaceCraft Operating System 
(SCOS) used on the UoSAT-12 spacecraft.  In April 2000 the first basic connectivity tests using IP to a 
spacecraft were performed.  Standard ICMP echo request (PING) packets were sent from both GSFC 
and the Surrey ground station to the spacecraft.  The packets passed through a standard router at the 
Surrey ground station and were transmitted to the UoSAT-12 spacecraft.  The standard IP stack onboard 
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Notes:
- Throughput is defined as the total number of science bits 
received correctly divided by the total number of bits 
transmitted.
- Asymptotes on throughput performance (i.e., performance on 
an error-free channel) for each data link scenario are as 
follows:

                                    MAX THROUGHPUT (Approx)
      PACKET SIZE           CCSDS                  HDLC
         64 bytes                 68.1%                  61.0%
        256 bytes                91.2%                  88.3%
       1024 bytes               97.2%                  95.6%
       1500 bytes           Not Examined           96.6%
       4096 bytes               99.0%              Not Examined



   
UoSAT-12 returned echo response packets addressed to the separate sources.  Those packets then 
passed through the ground station router and were delivered to their respective destinations using 
standard Internet routing.  These tests verified proper operation of both the end-to-end IP routing and the 
HDLC framing on the space-to-ground link. 

Once the end-to-end connectivity was operational, additional tests were performed to have the 
spacecraft automatically set its clock using the Network Time Protocol (NTP) by referencing a time 
server (tick.usno.navy.mil) at the US Naval Observatory (USNO).  Tests were also performed using the 
standard File Transfer Protocol (FTP), Hypertext Transfer Protocol (HTTP), and real-time telemetry and 
blind commanding with UDP packets. 

The downlink data rate for UoSAT-12 is only 38.4Kb/s. With such a slow data rate it is difficult to 
accumulate enough data to produce an accurate BER measurement below 1e-5. Figure 6 illustrates a 
rough estimate of the BER versus elevation angle for several passes. The BER estimate is based on a 
comparison of the number of good and bad frames reported by the router for the serial port receiving the 
spacecraft data. The assumption was also made that a corrupted frame was the result of a single bit error. 
Our ping tests showed a usable link nearly to the horizon. A visual inspection of the BER at low 
elevation angles on Figure 6  shows that the HDLC framing was functioning at BER’s of 1e-4.  

Figure 6 – Bit error rate estimates from several UoSat-12 passes 

THE HISTORY OF HDLC IN SPACE 

The past twenty years has seen considerable use of the HDLC protocol in space missions. The national 
space agencies of large spacefaring countries have chosen not to use commercial protocols on their 
space-to-ground links and developed the CCSDS protocol. However many educational institutions, 
amateur groups, and smaller countries have and are continuing to use HDLC as a viable link layer 
protocol. This is primarily due to the availability of low cost hardware and software required to support 
their data transmission and distribution systems.  

A survey of small experimental satellites launched over the past twenty years and many that are planned 
for the next few years revealed seventy two spacecraft that either used, are currently using, or are 
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planning to use HDLC on their missions. Most of these spacecraft were developed and operated by 23 
universities, 8 amateur groups, and 7 commercial space entities in 24 countries. Also represented are 
NASA, ESA, the US Air Force, the US Navy, and the Chilean Air Force. Earth resources satellites by 
Germany and Turkey, and a Disaster Monitoring Constellation by Algeria, Nigeria, and the UK are 
currently in development and will use HDLC. A list of these spacecraft can be found at 
http://ipinspace.gsfc.nasa.gov/documents/hdlcsat.xls. 

CONCLUSIONS 

The OMNI project at NASA/GSFC has demonstrated the viability of using the commercial Frame-
Relay/HDLC framing mechanism as a link layer protocol for space-to-ground links. The last 2 years of 
tests and demonstrations have shown that HDLC framing provides a very simple and flexible 
communication mechanism for space communication. HDLC framing is well supported in a wide range 
of COTS products and has been used on spacecraft for over 20 years. Detailed modeling performed by 
ITT Industries shows that HDLC performs comparably to the currently used CCSDS protocol for data 
transmissions from a low earth orbiting spacecraft to the ground via a TDRSS relay. Also, HDLC 
requires no modifications to operate in intermittent space link conditions. 

HDLC framing provides a minimal byte overhead along with a link level error check.  The variable 
length of HDLC framing also results in very simple data packing and unpacking since one IP packet 
normally ends up in one HDLC frame.  A large UDP packet can be sent, causing IP fragmentation, but 
this is under the application programmer's control and can be completely avoided if desired.  The 
biggest benefit of using HDLC is that it is supported on virtually any communication hardware that has 
serial interfaces. 

Using the IETF multiprotocol over frame relay encapsulation has proven to be very robust and 
supported on every piece of communication equipment we have worked with.  We have mixed 
equipment from different vendors on serial links, and there have been no compatibility problems. Frame 
relay equipment can also be used to provide basic forwarding of frames without any IP processing 
involved.  This provides additional flexibility in deploying communication systems. 

The major missing pieces are components for the spacecraft.  Technologies like Ethernet and HDLC are 
currently in use on some low-earth orbit spacecraft where radiation is not a major issue.  More work is 
needed to develop fully space-qualified components for onboard serial interfaces to the RF equipment 
and for onboard LANs. 

The next flight test that will be made using an HDLC link will be the Communication And Networking 
Demonstration On Shuttle (CANDOS). The CANDOS experiment will be flown as a Hitchhiker payload 
on the STS-107 Space Shuttle mission. In this experiment an ITT Low Power Transceiver (LPT) with an 
integral computer running Linux will provide an orbital test platform to further test IP over HDLC on 
space-to-ground links. Test objectives include mobile IP, the UDP based reliable file transfer protocol 
Multicast Dissemination Protocol (MDP), reliable and blind commanding, UDP based real-time 
telemetry, and spacecraft clock synchronization using the Network Time Protocol (NTP). 
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Current information on test results and future activities will be posted on the OMNI project web site at 
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ABSTRACT 

This paper presents work being done at NASA/GSFC by the Operating Missions as Nodes on the 
Internet (OMNI) project to demonstrate the application of Internet communication technologies 
to space communication. The goal is to provide global addressability and standard network 
protocols and applications for future space missions.  It describes the communication 
architecture and operations concepts that will be deployed and tested on a Space Shuttle flight in 
July 2002.  This is a NASA Hitchhiker mission called Communication and Navigation 
Demonstration On Shuttle (CANDOS). 

The mission will be using a small programmable transceiver mounted in the Shuttle bay that can 
communicate through NASA's ground tracking stations as well as NASA's space relay satellite 
system.  The transceiver includes a processor running the Linux operating system and a standard 
synchronous serial interface that supports the High-level Data Link Control (HDLC) framing 
protocol. One of the main goals will be to test the operation of the Mobile IP protocol (RFC 
2002) for automatic routing of data as the Shuttle passes from one contact to another. Other 
protocols to be utilized onboard CANDOS include secure login (SSH), UDP-based reliable file 
transfer (MDP),  and blind commanding using UDP. 

The paper describes how each of these standard protocols available in the Linux operating 
system can be used to support communication with a space vehicle.  It will discuss how each 
protocol is suited to support the range of special communication needs of space missions. 

KEYWORDS 

Internet Protocol (IP), High-level Data Link Control (HDLC), Operating Missions as Nodes on 
the Internet (OMNI), Space, Shuttle, Mobile IP, Low Power Transceiver (LPT), HitchHiker, 
Multicast Dissemination Protocol (MDP) 

INTRODUCTION 

The Operating Missions as Nodes on the Internet (OMNI) project[1] at NASA's Goddard Space 
Flight Center (GSFC) has been defining and demonstrating end-to-end communication systems 
                                                 
1 U.S. Government work not protected by U.S. copyright 



for future space missions based on standard Internet technology. In late 2001 the OMNI project 
was presented with an opportunity to support Internet Protocol (IP) demonstrations with a 
HitchHiker payload flying in the Shuttle bay on flight STS-107 in July 2002. The mission is 
called Communication and Navigation Demonstration On Shuttle (CANDOS).  

The primary goal of the mission is to test the newly developed Low Power Transceiver (LPT) 
on-orbit. The LPT is a small, multi-channel, programmable transceiver that was developed by 
ITT Industries under contract to NASA/GSFC. The OMNI project has been involved in another 
goal of the mission to investigate the use of standard Internet protocols for communicating with a 
space vehicle. This paper covers the Internet technologies incorporated in the mission and 
discusses the operational data transfer scenarios to be examined during the mission. 

CANDOS SPACE SYSTEM 

The LPT consists of circuit boards in a PC104 form factor and mounted in metal rings.  The 
boards and their associated mounting rings stack together to form the shiny rectangular block in 
figure 1.  For CANDOS, the stack of boards also contains a 686 processor running Linux 6.1, a 
FastComm ESCC synchronous serial interface card, and a DC-to-DC power supply to convert 
the Shuttle 28 VDC into 5 and 12 VDC.  

Figure 1 – LPT Transceiver and Processor Slices under High-gain Antenna 

The Linux operating system on the CANDOS processor provides standard IP services built into 
the operating system to provide the following: 

• Internet Protocol (IP)[2] addressing support 
• User Datagram Protocol (UDP)[3] sockets application programming interface (API) 
• Transport Control Protocol (TCP)[4] sockets as another API 

The following applications either come standard with the Linux operating system or can be 
easily downloaded and installed:  

• Multicast Dissemination Protocol (MDP)[5] reliable file transfer operating over UDP 
• Network Time Protocol (NTP)[6] operating over UDP 
• File Transfer Protocol (FTP)[7] operating over TCP 
• Telnet[8] remote access over TCP 
• Secure Shell (SSH)[9] encrypted remote login and Secure Copy (SCP) file transfer 

operating over TCP 



A key component in the system is a synchronous serial interface card with its RS-422 clock and 
data lines connected to the data input and output ports on the LPT transceivers. The OMNI 
project developed a network device driver that allows this serial interface card to be accessed as 
a network device with IP addresses.  When the Linux system wants to transmit a packet, the 
network driver receives the packet from the Linux IP stack, adds the appropriate Frame 
Relay[10]/ HDLC[11] header, queues the packet for output, initiates the data transfer, and 
processes interrupts to complete the transfer.   

The combination of a standard Linux operating system with IP and a standard synchronous serial 
interface with a Frame Relay network driver is the key to a simple space communication system.  
Using standard IP packet and HDLC frame formats on the spacecraft means the resulting 
bitstream is easy to interface directly into standard serial ports on commercial routers from 
vendors such as Cisco, Nortel, and 3com. These ground station routers then use standard 
Ethernet interfaces to pass data directly on and off the NASA operational communication IP 
backbone. 

One other special piece of software added to the onboard system is a Mobile IP[12] daemon to 
support the spacecraft end of the protocol. This is a software process that runs continually on the 
processor and listens on a raw socket for Internet Control Message Protocol (ICMP) packets with 
Mobile IP advertisements coming up from the ground. Once the Mobile IP daemon responds to 
the advertisement, the rest of the IP routing work is handled by the ground components. This 
process is described in more detail at the end of this paper.  

•  

Figure 2 – LPT and Antennas on HitchHiker Truss 

The LPT has a high-gain, fixed position, circular 18” antenna shown on the left in figure 2.  The 
three other small disks on columns are a low-gain transmit antenna, a low-gain receive antenna 
and one GPS antenna.   

CANDOS GROUND SYSTEMS 

The ground systems for the CANDOS mission will use existing antennas, transmitters, and 
receivers at NASA’s Ground Network (GN) and Space Network (SN) stations. However, the 
stations will be upgraded by connecting standard routers to the transmitter/receiver to provide 
direct connectivity to NASA’s operational IP backbone.  Modifications will be made at both 



Tracking and Data Relay Satellite System (TDRSS) stations in White Sands as well as at stations 
at Wallops (WLP) and Merritt Island Launch Area (MILA). 

The main component of the upgrade is the addition of standard Cisco routers between the clock 
and data bitstream interfaces on the transmitters and receivers and NASA’s operational IP 
backbone.  Standard router options will be configured to process the HDLC frames and the 
Frame Relay headers on the router’s serial interface. The serial interfaces will make the link to 
the spacecraft look like any other wide area network (WAN) interface on NASA’s backbone.   

However, the actual bitstream interfaces at NASA stations vary from station to station and are 
not always fully compatible with a standard router interface. A conversion device developed at 
NASA/GSFC will be inserted between the router and the transmitter/receiver interfaces to 
perform functions such as signal level shifting, convolutional encoding/decoding, and data 
scrambling/de-scrambling (pseudorandom noise coding/decoding). This process is identical to 
current satellite modems that are widely used to interface standard routers with commercial 
communication relay satellites, although some of the coding algorithms are different. A key issue 
is to segregate the satellite specific coding and forward error correction (FEC) techniques in an 
external conversion box that is separate from the router. This approach simplifies future growth 
and change by allowing new coding and FEC solutions to be transparently inserted in the 
bitstream interface between the RF system and the router with no impact on the router. 

Once the HDLC bitstream from the spacecraft enters a router serial interface, the interface 
locates the frames and extracts the encapsulated IP packets.  These packets are them passed out a 
router Ethernet interface onto NASA’s operational IP backbone network. This network is already 
in place and connects NASA’s ground stations. 

The control center for the CANDOS mission consists of a collection of workstation and laptop 
computers with both PC and Macintosh processors. The machines will used the Linux, Window, 
and MacOS operating systems which all support standard IP software. 

END-TO-END DATA FLOW 

Significant benefits of using IP technology for future space communications are the extensive 
end-to-end network architecture available and the wide range of hardware and software 
components readily available. Internet technologies include an extensive suite of protocols that 
have all been crafted to work together to provide a very powerful and flexible communication 
system. Today’s space communication systems often use custom protocols on the spacecraft and 
to the ground and then use Internet technologies to move data around on the ground.  A major 
change on CANDOS is to start all data flows with standard Internet protocols onboard. It will 
use standard TCP or UDP sockets on the spacecraft and continue the standard Internet formats 
over the space-to-ground link as well as on the ground. This results in a simple and flexible end-
to-end data system. 

Figure 3 shows the key technologies used for end-to-end data flows. The LPT processor in the 
upper left of the diagram is running standard Red Hat Linux version 6.1 with applications such 
as MDP, NTP, Telnet, FTP, SSH, and SCP.  These applications all use UDP and TCP sockets for 
their application programming interface (API) to send and receive data. They will be interacting 
with similar applications on the computer systems on the ground.  

The TCP and UDP sockets hide lower layer communication details from the applications so the 
applications don’t need to know whether they are running over an Ethernet LAN or a serial space 
link. The sockets pass packets of data down to the IP layer which adds source and destination 
addresses. 



 

Figure 3 – End-to-End Data Flow  

The next step is to send the packets out a synchronous serial interface where they are delivered to 
data ports of the LPT using clock and data lines with RS-422 signal levels. Getting from the IP 
layer to the serial interface requires a Linux network device driver that can support the 
Commtech FastComm PC104 serial interface card used in CANDOS. The card came with a 
character device driver that supported opening a serial port and sending and receiving individual 
characters. In order to provide standard IP support, the OMNI project wrote a network device 
driver that supports a standard Linux interface to accept IP packets from the IP stack. The driver 
also adds the proper Frame Relay header bytes and sends the resulting frame out the serial card 
where it gets wrapped in HDLC framing. 

The clock and data lines from the serial interface deliver a continual stream of bits to and from 
the transmit and receive interfaces on the LPT. The LPT performs its coding and modulation 
functions by operating on this bitstream without any knowledge of the format of the frames 
being transmitted.  

Another major difference between CANDOS and conventional spacecraft is that it uses exactly 
the same framing and upper layer protocols on both its transmit and receive links.  The receive 
path just reverses the processing of the transmit path. This concept of identical framing on both 
directions of the communication link is important for future missions which are looking at 
implementing cross-links between spacecraft.  

Today’s spacecraft communicate with ground stations and often refer to their data links as the 
forward link, uplink, or command link, to the spacecraft, and return link, downlink, or telemetry 
link back to the ground. With space and ground end points this concept works.  However, on a 
spacecraft cross-link, the concept of one format on the forward link and a different format on the 
return link does not work. This results from the fact that one spacecraft’s downlink, or transmit 
interface, is trying to send data to the forward link, or receive interface on the other spacecraft. 

 Also, the concept of “commands” to the spacecraft and “telemetry” to the ground does not 
properly describe spacecraft communication with many Internet protocols.  For example, a TCP 
session transferring data to the ground would have TCP ACKs going back up to the spacecraft.  
However, these ACKs are not really a “command”. 
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CANDOS DATA FLOWS 

The goal of the Internet protocol tests on CANDOS is to analyze the performance of numerous 
standard Internet applications and protocols to operate the LPT. Operations will include 
monitoring and controlling the processor and radio, as well as retrieving data from GPS 
experiments performed with some of the LPT receivers. The protocols and applications to be 
analyzed include: 

• Mobile IP – automated route management to the spacecraft 
• Multicast Dissemination Protocol (MDP) – UDP based, reliable file transfers from space 
• Network Time Protocol (NTP) – UDP based spacecraft clock synchronization 
• UDP packets - real-time spacecraft telemetry 
• UDP packets – spacecraft blind commanding 
• Secure Shell (SSH) and Telnet – TCP based remote login to the spacecraft 
• Secure Copy (SCP) and FTP – TCP based reliable file transfer to and from the spacecraft 

An important aspect of these protocol investigations is that these will not be highly controlled 
tests run in a precise laboratory environment. The main goal for all tests will be to record time-
stamped performance data on the protocols. This data will then be correlated with Shuttle 
position and attitude data and RF link measurements to characterize the operational performance 
of the various protocols. The following subsections describe each of the protocols to be 
examined. 

Mobile IP 

In today's spacecraft communication, control centers normally send commands to the ground 
station/antenna the spacecraft is passing over and the command is uplinked to the spacecraft.  
The major issue is that the control center must know where to send the commands and address 
them accordingly. However, as large constellations of spacecraft are deployed, advance planning 
and scheduling of contacts becomes more complex and expensive and an automated solution for 
delivering commands to the proper ground station is desirable.   

Figure 4 shows an example where a spacecraft has an Internet address (e.g. 100.10.10.18), that is 
part of a ground based subnet (e.g. 100.10.10.x).  Any IP datagrams addressed to the spacecraft 
address from anywhere on the Internet will be routed using standard Internet routing and will be 
delivered to the Home Agent ground subnet.  However, the Home Agent router needs to know 
how to forward the packet to the proper ground station to get it to its final destination. This is 
exactly the same problem encountered by other mobile devices on the Internet such as laptops, 
PDAs, and eventually automobiles. 

The Internet Engineering Task Force (IETF) has developed standards called Mobile IP (RFC 
3220) to deal with this problem.  These protocols use an initial protocol exchange to allow the 
mobile device or spacecraft to determine if it is in direct contact with its home subnet and 
associated home agent software or a foreign subnet and its foreign agent software.  If the mobile 
device is in contact with a foreign subnet, the foreign agent establishes an IP encapsulation 
tunnel from the home agent to the foreign agent.  Then when the control center sends a datagram 
to the spacecraft address, the packet goes to the home router where the home agent notices that 
there is a tunnel to the spacecraft via a foreign router.  The packet is then sent through the tunnel 
to the foreign agent which passes it out its serial interface and up to the spacecraft.  

This sort of Mobile IP scenario is primarily an issue for sending data to the spacecraft.  When 
any packets are sent from the spacecraft to any ground station, the ground station simply uses the 
destination address to forward the packets using standard Internet routing rules.  One possible 
exception is if the foreign ground station has additional routing rules, for security reasons, which 



prevent it from forwarding packets whose source address is not within the foreign subnet.  Then 
the tunneling features of Mobile IP would be needed to encapsulate the spacecraft packets for 
delivery to their home subnet. 

 

Figure 4 – Mobile IP Routing 

These cases have only addressed a spacecraft or mobile host with a single IP address.  If the 
mobile device or spacecraft has a LAN with multiple IP addresses then the problem gets more 
complex.  One solution is for each node on the spacecraft with an IP address to perform Mobile 
IP registration and set up tunnels for each.  However, this does not scale well and causes 
additional traffic for all of the registrations and additional software for each node.  The solution 
currently being worked on in the IETF is called Mobile Routing.  It involves a router that 
performs all of the Mobile IP operations and none of the nodes on the LAN even realize they are 
mobile.  They simply operate just like they do on a fixed LAN.  The research and development in 
this area is being driven by concepts in which all future automobiles will have onboard LANs 
with Internet addresses and full mobile Internet connectivity.  The size of the automobile market, 
a potential market for mobile routers, is huge and the commercial research and development 
investments are substantial. A version of the Mobile Routing protocol is currently available in 
Cisco routers in version 12.2.4 of the IOS software. 

During the CANDOS mission, Mobile IP operation will be carefully monitored to analyze its 
performance during real space mission conditions. All Mobile IP packets will be captured and 
router Mobile IP authentication and tunnel management activities will be logged. The time 
stamps on the data will be compared to the Shuttle position and antenna orientation to understand 
overall protocol performance especially around the beginning and end of the communication 
contacts. 

MDP reliable file transfers  

Future spacecraft system designers are very interested in moving to storage systems that use a 
standard file system concept and pass data files around using reliable file transfer mechanisms. 
This approach simplifies spacecraft data storage designs and eliminates most of the data 
reassembly functions performed in today’s level-zero processing (LZP) systems. 
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Many standard Internet data transfers such as web surfing, email, and file downloads use reliable 
file transfer mechanisms operating over the TCP transport protocol.  However, using a TCP 
transport layer in space has problems due to TCP’s use of continual acknowledgements (ACKs) 
flowing in the opposite direction of data flow. In searching for ways around this problem the 
OMNI project found an attractive solution from work by the Naval Research Laboratory (NRL) 
in reliable multicast file delivery.  The OMNI project is also working with NRL to incorporate 
some additions to the MDP application to provide more robust and automated operation in space 
environments [13]. 

In multicast data delivery, a packet is sent out to potentially hundreds or thousands of receivers.  
If each of those receivers sent an ACK back for every few packets, the original sender would see 
a flood of thousands of ACKs coming back for every few packets out. To solve this problem, 
NRL developed the Multicast Dissemination Protocol (MDP) which uses UDP to allow primarily 
one-way data delivery with only negative acknowledgements (NACKs) as needed. 

On CANDOS, GPS experiments will be performed with the LPT’s GPS receivers.  These 
experiments will generate files of data that need to be delivered to the ground.  MDP will be used 
to transfer these data files to the ground. The MDP throttle data rate will be set to maximize 
bandwidth on the current RF link. File transfers will be monitored to analyze the actual 
performance of MDP and how well it utilizes the available link bandwidth. 

MDP file transfers over primarily one-way, SN demand access link 

In NASA’s TDRSS system there are often one-way, return-only data paths available. This 
resource is more available and more easily scheduled than two-way links. MDP is built to 
primarily send data in one direction with minimal ACKs or NACKs returned. During the 
CANDOS mission, this capability will be used to deliver files to the ground over a one-way link. 
When a two-way contact is available any NACKs will flow back up, lost data will be 
retransmitted, and the reliable file transfer will complete. This usage of a one-way link with 
intermittent two-way contact is exactly the type of data delivery currently being considered for 
the Global Precipitation Mission (GPM). 

Network Time Protocol (NTP) - time sync 

A common operational issue for spacecraft is to keep the onboard clock synchronized to UTC so 
data can be accurately time stamped on the spacecraft. For the CANDOS mission initial clock 
management will be performed manually but in later passes an NTP application onboard will be 
tested with ground NTP servers to automatically set the LPT clock and verify its stability. Initial 
time setting will be done using an existing time server on NASA’s backbone.  All of the 
CANDOS foreign agent routers will be synchronized to the same NTP server and may be used as 
NTP servers for the spacecraft.  This will allow comparing NTP operation across short 
communication paths at each station versus longer paths by traversing the ground network to get 
to central NTP servers.  Results are expected to be in the 1’s to 10’s of milliseconds precision. 

UDP real-time telemetry and housekeeping data 

A normal operation for all spacecraft is to send telemetry and housekeeping data in TDM or 
CCSDS frames.  On the CANDOS mission, UDP packets in HDLC frames will be used instead 
of CCSDS frames to accomplish the identical function.  The LPT processor will normally be 
sending out a low-rate stream of UDP packets containing status information such as receiver 
lock, signal levels, temperatures, etc. By sending this data in UDP packets, it can flow to the 
ground during both one-way and two-way communication contacts.  Each packet is completely 
self contained with one set of status data samples and full IP addressing to allow the ground 
network to deliver it to its proper destination.  If a UDP packet is lost due to bit errors, it will 



simply disappear.  However, since each packet is standalone and there is no session state as there 
is with TCP, there is no retransmission and no corresponding delay of following data.  The next 
packet propagates on down with minimal network delay. 

UDP blind commanding 

The LPT transceiver is configured with its receiver normally ON but its transmitter OFF.  
Typically, spacecraft have either an onboard schedule that turns on their transmitter at a specified 
time or they receive a command from the ground to turn on their transmitter.  For the CANDOS 
mission, the transmitter can be turned on by manually configuring an IP tunnel to route packets 
to the proper ground station and sending a UDP packet addressed to the LPT on its blind 
commanding port. This process is identical to the “blind commanding” scenarios used with 
today’s spacecraft when they do not have a two-way link available. 

SSH/Telnet remote login 

All of the previous applications described herein use UDP to operate over intermittent and noisy 
space links.  But tests will also be performed with applications that operate over TCP. Standard 
SSH and Telnet applications will be used to log into the LPT processor from the CANDOS 
control center to monitor its operation and make software changes. The packets from these 
interactive sessions will be captured and analyzed with programs like tcptrace to analyze TCP 
performance over the space link. 

SCP/FTP file transfers 

Standard SCP and FTP applications will also be used for reliable file transfers when a two-way 
link is available. These packets will also be captured and analyzed with tcptrace to compare 
performance with similar MDP file transfers. 

CONCLUSIONS 

This paper is being prepared before the actual mission so measured results are not currently 
available. The tests performed and results collected during the mission will focus primarily on 
examining protocol operation in a space environment. Actual performance of the protocols is 
expected to vary widely based on each contact’s RF link error characteristics. Since the LPT 
antennas are not steerable, they are always pointed directly up out of the Shuttle bay. Much of 
the time they will not be aimed directly at TDRSS or a ground station antenna depending on the 
Shuttle orientation. This should provide a wide range of RF link performance that will provide an 
excellent variety of test conditions. 

The use of HDLC framing in space is expected to work very well based on current experience 
from tests performed using Internet protocols through TDRSS, on the UoSAT-12 spacecraft, and 
in simulations performed by ITT Industries for NASA/GSFC. The CANDOS mission will allow 
collecting more information on HDLC performance with both SN and GN stations across a full 
range of orbital and antenna pointing scenarios. 

CANDOS will also provide an excellent opportunity to collect performance information on the 
operation of the Mobile IP protocol in these same orbital scenarios. An area of special interest 
will be to monitor Mobile IP performance at the beginning and end of contacts to see how it 
performs when the spacecraft is close to the horizon. Current missions normally wait until the 
spacecraft is at least 5 degrees above the horizon before attempting communication.  Since 
Mobile IP operates over UDP and only requires a few packets it should be able to operate closer 
to the horizon. 



Tests performed using MDP over a one-way, return link configuration will provide useful 
information for future missions like GPM. A primarily goal of testing applications like MDP and 
NTP is to identify ways to allow future spacecraft to operate more automatically with less 
commanding required from ground personnel. 

Using TCP based applications such as SSH/SCP and Telnet/FTP will provide insight into their 
performance over noisy and intermittent links. During the middle of a contact they should 
operate fine. The more interesting tests will be to determine if it is reasonable to use them near 
the beginning and end of contacts. 
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ABSTRACT 
 

A multi-platform network design that is automated, bi-directional, capable of store and forward 
operations, and low-bandwidth has been developed to connect multiple satellite ground stations 
together in real-time.  The LabVIEW programming language has been used to develop both the 
server and client aspects of this network. Future plans for this project include implementing a fully 
operational ground network using the described concepts, and using this network for real-time 
satellite operations.  This paper describes the design requirements, RF and ground-based network 
configuration, software implementation, and operational testing of the ground network. 
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INTRODUCTION 
 
Small satellites known as “Nano-sats” are more commonly being designed and built by small 
organizations and research institutions. There exists a need for a scalable, reconfigurable ground 
station network for use by these smaller organizations that may not have the time or money to design 
their own full-scale, multi-site satellite ground station network. For such a network to be easily 
useable by small research projects, the bulk of the network design should be already done. The 
network must also be scalable to be able to adapt to the needs of the particular Nano-sat project. To 
demonstrate this, a specific Nano-sat project called “3 Corner Sat” will be used as an example.  
 
The “3 Corner Sat” (3CS) project is part of the AFOSR/DARPA University Nanosatellite program. 
It is a joint effort between Arizona State University, University of Colorado at Boulder, and New 
Mexico State University.  The project is building a constellation of 3 satellites that will perform tests 
on new types of Nano-sat technology such as stereo imaging of cloud and land formations, formation 
flying, and new types of command and control scheduling.  Because of the nature of the 
constellation and communication system configurations, a custom design for the ground station 
communications network is needed. 
  



 This paper will discuss a means of constructing such a ground network using the LabVIEW 
version 6 software suite developed by National Instruments. The network is comprised of two 
different Multi-platform Virtual Instruments (VIs).  These VIs were designed to be compatible with 
many computing platforms and operating systems. In this paper, we will examine the design goals 
for this ground network, the server/client configuration, the data interaction between the server and 
client, selection of a programming environment for implementation, and the virtual instruments that 
were created to complete the design. 
 

 
 
 

GROUND NETWORK DESIGN GOALS 
 
The ground network has several key design requirements that are defined by the nature of the 
satellite configuration.  These requirements were not able to be met with the use of conventional, 
commercially available satellite networking systems.  Thus, a new ground network system will be 
designed and tested with the following requirements in mind: 
 

1) The ground communications network shall support a minimum of three remote ground 
stations from a control station. 

2) The ground communications network will provide a means to remotely initialize each remote 
ground station. 

3) The ground communications network will provide a means to monitor the status of the 
remote ground stations. 

4) The ground communications network will provide data transfer between each remote 
terminal and the central control station. 

5) The data transfer function will include the ability for store-and-forward of bi-directional data. 
6) The store-and-forward data transmission will have the means to send data from the control 

station to each remote terminal for later transmission to the satellites. 
7) The store-and-forward data transmission will have the means to record satellite data at each 

remote terminal for later transmission to the control station in the event that the internet link 
goes down. 

8) The control station and the remote terminals shall have synchronized clocks 
9) The ground communications network shall have security measures that protect against 

unauthorized use of the system 
10) The ground communications network software will be capable of execution on current 

Windows (98/NT/2000/XP), Unix, Macintosh, and Linux operating systems. 
 
It is the goal of the 3CS communications team to meet all design requirement expectations by using 
new, innovative implementation methods. These methods will allow such a ground network system 
to be customizable for future Nano-sat or similar projects.  
 
 
 
 
 



GENERAL IMPLEMENTATION 
 

The ground network will consist of one “Server” and multiple “Client” systems. The server and 
client labels that are given to these stations describe the nature of operation and data flow present at 
that location. The server will consist of one computer at the Nano-sat mission control center.  This 
station is responsible for all data that is distributed to the constellation, and collected from the 
constellation. It is also responsible for the operation of the individual ground communication 
stations. The client will consist of a computer running at each of the ground stations. This client will 
act as a conduit for all information that is to pass to or from the satellite constellation. It is also 
responsible for control of antenna movement to be able to track satellites across the sky during a 
pass.  
 
It is desirable to have all client stations collaborating to be able to schedule operations based on 
satellite passes. For example, one of the ground stations may have a better vantage point for 
communications to the satellite constellation than the other ground stations.  For this reason, all 
satellite communications are done through that ground station for that particular pass, until another 
station becomes a better candidate.  The station with the best accessibility to the satellite 
constellation is determined by the personnel at the mission control center, who will have satellite 
pass prediction software aiding them in their decision. The communication connection between the 
clients and server are made by using standard TCP/IP sockets over the internet. This allows the 
client stations to be anywhere in the world, theoretically.  
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SERVER IMPLEMENTATION 
 
The program that runs on the server computer was developed using the LabVIEW version 6 
software suite developed by National Instruments.  This development environment allows 
graphical construction and modifications of executable programs called “Virtual Instruments” (VI). 
See figure 2 for an example.  A VI was created that performs several tasks: 
 

1) Disperses data that is to be transmitted to the satellite cluster to a specific ground station or 
multiple ground stations. 

2) Receives live or stored data from ground stations that has been received from the satellite 
constellation.  

3) Provides a Graphical User Interface (GUI) to personnel at mission control, allowing them to 
control ground station network operations at each individual ground station, and the network 
as a whole. Figure 3 displays the front panel of this GUI. 

4) Provides an internet-based interface to other mission control computers for real-time data 
acquisition and analysis.  

 
Figure 2: An example of an actual VI’s source code. 

 
 



Figure 3: A view of the Server GUI. 

 
 
The server is programmed to communicate with the clients using a LabVIEW communications 
driver that is running on the client computers in parallel with the client VIs. This driver is called the 
“VI Server”. It allows other VIs that are running at another location to control the local VI, and also 
to receive data from the local VI. The VI Server drivers use a standard TCP/IP internet connection as 
the communication backbone.    
 
The data received from the clients by the server is split into two categories: Satellite data and VI 
display data. The VI display data is extracted and used to generate displays on the server computer 
that are identical to each of the displays on the client computers. These displays are updated approx 
every 2-3 seconds. The satellite data then remains, and is made available for other computers in the 
mission control center to acquire via a standard TCP/IP telnet connection. For simplicity, the data 
that comes from the individual ground stations is tagged as being from a particular station, but is not 
recombined by the server computer. The tagged data is combined by another mission control 
computer based on the needs of the mission control team. 
 
The data transferred from the server to each of the clients is categorized in a similar fashion. There 
again exists two types of data: Ground station control data, and satellite data (commands, etc.) to be 



transmitted.  The ground station control data is generated by the GUI on the server display. For 
example, if a mission control team member clicks on a graphical toggle switch on the server display 
that is associated with the client at NMSU, the matching button gets toggled on the client computer 
itself. The satellite transmit data is generated not by the server, but by other mission control 
computers. This data is merely relayed by the server to the appropriate client(s) as defined by 
mission control personnel. 
 
 

CLIENT IMPLEMENTATION 
 

The client computer is running at the site where the actual ground satellite communications hardware 
is located.  The computer is connected to ground station hardware that transmits and receives data 
to/from the satellite constellation. The computer is also connected to a standard full-time internet 
access point. The program that runs on the client computers is also a VI. This VI performs the 
following tasks: 
 

1) Relays data from the server at mission control to the satellite ground communications radio 
hardware. 

2) Relays data from the satellite ground communications radio hardware to the server computer 
at mission control. 

3) Transmits health and status of client VI and ground station equipment to mission control. 
4) Receives commands from mission control to change client VI or ground station equipment 

operation. 
5) Stores data in the case that a portion of communications is cut off between client and 

satellites or client and mission control server computer. The data is forwarded when 
communications are re-established. 

6) Provides a graphical user interface (GUI) at the ground station location for on-site control of 
the client VI in case of emergency operation. See Figure 4 for a view of this GUI. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 



Figure 4. A view of the client VI GUI. 

 
 
 
The “VI Server” driver that was mentioned above, is running in parallel with the client VI. The 
driver is managing communications with the server VI via standard TCP/IP methods. The driver 
then separates the two types of data that is coming from the server computer.  The ground station 
control command data is extracted and used to modify client VI operational settings.  The data that is 
intended for the satellite cluster is passed along to the client VI as raw data. This raw data is then 
relayed to the ground station communications hardware. 
 
In a sense, the same TCP/IP socket connection is being used for both raw satellite data, and ground 
station command and control data. This reduces the complexity of the connection that is required 
between the ground stations and mission control. Any reduction in complexity from the mission 
control standpoint will allow mission control personnel to focus on flight operations instead of how 
the data will be transferred to/from the satellite constellation. 
 
 
 
 
 
 



CONCLUSION 
 

A scalable, reconfigurable, and automated ground network system is a desirable feature of many 
satellite projects. In the case of university-based Nano-sat programs, a fairly limited budget and 
limited amount of manpower puts a great importance on efficiency and simplicity of the systems that 
are used.  In the case of the 3 Corner Sat program, the capabilities that this ground network system 
will give the project will help insure the success of the mission.  In this example, we are using an 
off-the-shelf product to create an acceptable solution to the logistical problems that accompany a 
satellite project that uses multiple ground communication stations. The 3CS communications team 
hopes that this ground network design might be helpful to other Nano-sat or similar programs that 
are in need of such system.  
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ABSTRACT

A telemetry system has been developed at the University of Arizona to serve as a baseline for future
CubeSat designs. Two satellites are scheduled for launch in November of 2002. One features a
beacon that operates autonomously of all but the power system and can independently deploy the
antennas. The other will test the performance of new semiconductor devices in low earth orbit.
Sensors will monitor voltages, currents (from which attitude and tumble rate can be derived),
received signal strength and a distribution of temperatures. The CubeSat’s architecture, operating
system, sensors, telemetry format and link budget are discussed.
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INTRODUCTION
The CubeSat program was initiated by Cal Poly and Stanford Universities to involve students in the
development of small satellites of ~ 1kg mass to perform experiments of limited scope at greatly
reduced cost. Students at the University of Arizona have joined this national program and are
presently constructing our first set of three. These satellites fit well into launch vehicles carrying
multiple payloads, allowing costs to be shared internationally by private enterprise, government
agencies and educational institutions. The first two are scheduled for launch from an SS-18 launch
vehicle in Baikonur, Kazakhstan in November of 2002. Our primary objective is to produce a
baseline design upon which further developments can be made. The main purpose of the first
satellite is to formulate a bus for future science experiments. The second satellite will carry an
experiment which will provide radiation dose and dose rate information as well as threshold voltage
values from which the performance of developmental semiconductor devices can be determined.



 FUNCTIONAL DESCRIPTION OF THE SYSTEM

The architecture of our satellites is shown in Figure 1. Note that one satellite has a PC board with the
semiconductor device experiment on it and the other replaces the experiment board with a beacon
and corresponding antenna.
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 Figure 1: Architecture of the CubeSat

All data handling, communications and control functions are performed by a PIC microcontroller
(PIC16F877). Communication with non-volatile memory (Ferroelectric RAM or FRAM) and the
realtime clock (RTC) on the controller PC board is via an I2C bus. Communication with the PC
board containing the experiment and A/D converters on the power PC BOARD where the sensor
conditioning electronics are found is also via the I2C bus. The bus operates in standard-mode with a
data transfer rate of 100 kbps and 7-bit addressing. An on-board UART of the PIC communicates
with the modem at a data transfer rate of 1200 bps. Communication with the modem is half duplex.
The modem generates mark and space tones at 1200 Hz and 2200 Hz.

Last minute hardware changes required us to incorporate COTS radios manufactured by SpaceQuest,
Ltd. We are using a TR-433 transceiver for the 70 cm band and a RX-145S receiver for the 2 m
band. Both operate in AFSK mode. Receive audio from the two are analog multiplexed along with
accompanying received signal strength indicators (RSSI) and carrier detect (CD) signals to provide
squelching for the modem. The beacon also operates in the 70 cm band.



The antenna system is comprised of a 70 cm dipole for transmission and reception, a 2 m dipole for
receive only, and a 70 cm loop for beacon transmissions. Figure 2 depicts the mounting of these
antennas on an external view of a developmental model of the satellite. The flexible antennas are
deployed by means of a Nichrome (tm) wire powered through an FET switch circuit that melts a
nylon tie-down. A wired OR configuration of the wireharness allows access by both the beacon and
the controller to all antenna FET switch inputs. This eliminates the need for (and possible failure of)
antenna fuse switching components. Also shown in the figure is the placement of the power board,
controller board and the radio board (top to bottom) along with the interconnecting wireharness.

Figure 2 – Component placement for the 10 cm CubeSat

Power supply electronics perform the functions of battery charge regulation, generation and
regulation of 7.5 VDC and 5.0 VDC from four AA sized Ni-Cd cells and six solar panels that
recharge the batteries. The satellite temporarily powers down when the battery voltages drop below
~ 4.0 V in order to allow the solar panels to adequately recharge the batteries for normal operation.
Following power-down, the satellite undergoes a re-initialization sequence to place the satellite in a
default operating mode. Antenna deployment will also be attempted unless a flag has been
previously set in the FRAM to indicate that valid communications have been received.

THE BEACON
The beacon was produced by Rincon Research Corporation and provides a redundant means of
relaying sensor data in analog form. These can be compared with the digital forms at processing
time. The beacon operates autonomous of all other satellite systems except for the power and the
sensor electronics. Besides the main controller, it has the capability of deploying each of the
antennas. The main controller is given the first try at five minutes after separation from the launch
platform. The beacon makes its attempt at deployment 45 minutes following separation.
 
Component minimization was achieved using highly integrated devices to handle complex functions
such as a single chip transmitter in which no external power amplification is required and a single



chip anti-fuse programmable gate array (AFPGA) instead of many discrete logic devices. The low
part count made it possible to design the PC board with all components on one side which was
critical considering the space limitations. A low power consumption of 150 mW was achieved using
a 10 dBm transmitter. This power level is adequate due to the narrowband 5 kHz channel and the
slow sample rate. Phase modulation was deemed best given these conditions.

For the receiving ground station, a 10 Hz bandwidth is adequate to retrieve the information and will
severely restrict the noise power in the received signal. This is equivalent to a large processing gain
of 30 dB over a conventional 20 kHz wide FM signal. The ground station uses an AR5000 receiver
with a variable IF bandwidth from 3 kHz to 220 kHz. A 25 kHz bandwidth is adequate to receive the
carrier and sidebands given the Doppler shift during a pass. The IF output of the receiver, centered at
~ 10 MHz is buffered and digitized at ~ 20 MHz by an ICE-slimPIC (Innovative Computer
Engineering) PCMCIA card, then decimated by a Texas Instruments Graychip GC4014. The
resulting data is analyzed by performing ten FFTs per second and demodulating the received signal
in the frequency domain using Midas2K software. Peak detection functions locate the carrier and
sidebands. The deviation of the sidebands from the carrier is then used to determine the voltage
present at the voltage to frequency converter. A script logs this information to a file where individual
sensor values can be calculated.

Referring to Figure 3, the main subsystems are power regulation, control logic, sensor selection,
modulation circuitry, and the transmitter. The beacon comes on automatically once the batteries have
charged enough to provide a minimum of 4.5 VDC at the battery terminals. Unless commanded off,
it will transmit indefinitely at a 50% duty cycle (30 seconds on, 30 seconds off) to provide a quiet
window for the secondary receiver to receive on its nearby frequency. The beacon transmitter
provides a stable carrier for Doppler tracking. Sensor readings are time-division-multiplexed analog
voltages. A Morse code ID is present at the end of every frame. Control of these functions and
telemetry frame formatting are provided by the AFPGA. A complete frame as illustrated in Figure 4
consists of eight long sensor samples of two seconds each and 24 short ones of 0.25 seconds each.
These values are DC outputs from the sensor signal conditioning electronics. The long sample times
are to allow for additional time to observe how the solar panel currents change over short intervals.
Sensor outputs are fed into a voltage-to-frequency converter through an analog multiplexor. The
voltage to frequency converter produces a square wave which is then smoothed by a switched
capacitor low pass tracking filter. The switched-capacitor-filter produces unwanted high frequency
components due to the switching action that can be seen as steps in its sinusoidal output. This minor
effect is eliminated by a low pass RC filter placed immediately before the modulation input to the
transmitter.

 SENSORS
Four types of sensors are used to measure received signal strength, voltage, current and temperature.
Sensor values are scaled to take advantage of the full dynamic range of the A/D. Received signal
strength indicators are positive slope linear outputs of energy level detection circuits at the IF stages
of the 2 m and 70 cm receivers. Simple resistor combinations provide the scaling for voltage and
current senses. Temperatures are measured with a commercially available YSI 44203 Thermilinear
Network with a linear range temperature range of –30oC to +50oC.
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Figure 3 -Beacon subsystems block diagram

           Figure 4 -Beacon telemetry frame

 Table 1 provides a summary of our measurements. Sampling periods listed are those for day 1 of the
default mode of operation in which whole orbit data is recorded. In realtime operation, the sensors
are read once per second.

Table 1: Summary of sensor measurements

Quantity Sensor Channels Sampling Interval (seconds)

6 Solar cell currents 10
6 Solar panel temperatures 70
2 Frame temperatures 70
1 Battery temperature 70
1 Transmitter sink temperature 70
1 Controller temperature 70
1 Power supply recharge current 70



Table 1: Summary of sensor measurements (continued)

1 5 V power supply current 70
1 7.5 V power supply current 70
1 Battery current 70
1 Battery voltage 70
1 Received signal strength indicator 70

 

 OPERATIONAL CHARACTERISTICS

Immediately following deployment, the satellites enter a default mode of operation that can be
modified in response to commands from the ground. These modes are described as follows.

Realtime mode
Data is transmitted as it is collected. A block of 24 sensor readings is transmitted in a half second
followed by a sleep period of a half second to allow for command reception. This cycle is repeated
over a  15 minute interval unless interrupted by reception of a command. When the 15 minute time
limit expires, the operating system (OS) will switch to Whole-Orbit mode.

Whole-Orbit mode
Data is gathered according to a timing schedule. The sensor read table will be checked once each
second and if a sensor is due to be read, the OS will read it and store the data in FRAM. The default
read schedule is calculated to allow two orbits of data to be stored for later transmission.

Default mode
This mode is initiated at the time of deployment and after any hardware reset. The default mode will
relay information about the operating status of the satellite including a full set of sensor data over a
two orbit period according to the default sensor read schedule. The OS begins on day 1  in Whole-
Orbit mode allowing for battery recharge and sensor data collection. On day 2, the OS will transmit
the stored sensor data to the ground station in 5600 byte blocks with a half second pause between
them to allow for command reception. After all data is transmitted, the OS will sleep for 90 minutes,
approximately one whole orbit. On day 3, the OS enters a real-time transmission mode with a one
minute transmission followed by a five minute sleep cycle. During the transmit cycle, sensor data is
read directly from the sensors and immediately transmitted to the ground station.

Available by command is the ability to read and write test patterns to FRAM, manage the system
clock, change the sensor read schedule and downlink sensor values. Space limitations will not
permit further discussion of the operational modes and capabilities of the satellite.

 
 COMMUNICATIONS PROTOCOL

Non-standard formatting of transmitted data was used for several reasons. Significant noise and
interference from neighboring satellites operating in band and other sources are expected. We felt
that repeated transmission of very small packets would be our best approach. Since the controller



handles communications as well as control functions, we decided to format for minimal packet size
to reduce data handling. Following is our basic packet design.

Uplink transmission format
Header (2 bytes) Command (1 byte) Command modifier (2 bytes) Checksum (2 bytes)

Header information includes a password and satellite ID code. The two byte command modifier
(argument) contains necessary information to implement the command such as the set time for the
RTC or a bit pattern to write to or read from the FRAM for memory tests.

Downlink transmission format
Header (7 bytes) Format specification (1 byte) Data (variable) Checksum (2 bytes)

The header contains a six byte call sign and a satellite ID code. The format specification stipulates
the packet size since the data-stream is of selectable length. The total number of data bytes in a
packet can range from 0 to 255. Typically 32 bytes of data would be sent at once which is the default
value. Data block sizes can be altered via commands. Having control over the packet size will allow
us to respond to differing conditions of the link. Data is comprised of sensor values and operational
status information such as system flags. The data being transmitted depends on the mode of
operation and any commands recently sent as explained previously. The checksum is calculated with
a CRC16 polynomial using the same algorithm as the ZOO protocol.

 
 

 GROUND STATION

Hardware description
With the exception of the modem which we built to match that of the satellite, all ground station
components are commercially available. Table 2 lists the equipment used at our site.

Table 2 .  Specification of ground station components

Item Manufacturer Model Feature
2 m antenna M2 Antenna Sys. 2MCP22 G = 12.25 dBdc
70 cm antenna M2 Antenna Sys. 436CP42U/G G = 16.8 dBdc
LNA – mast mounted ICOM America AG-35 LNA G ����G%�IURP�����WR�����0+]
2 m linear amplifier Mirage B-5016G Output power = 160 W
70 cm linear amplifier TE Systems 4452G Output power = 180 W
Transceiver ICOM America IC-910H Sensitivity = -124 dBm
Antenna controller ZL2AMD UNI TRAC 2000 Tracking and Doppler tuning

Ground station software
To facilitate the custom communications protocol and hardware design of the satellite, original
ground station code was developed. The program is 4125 lines at this writing. It was written in Java,
using Sun’s JDK 1.3.0_03 IDE and performs the following functions:



• Acquire incoming telemetry packets from a serial port
• Process, display, and store incoming data as appropriate
• Allow the operator to compose and send command packets

The code was designed using a standard model-view-controller modular structure. Functions of the
program are handled through a GUI whose appearance is depicted in Figure 5. At the upper left is a

Figure 5– Screen-view illustrating the GUI employed on the ground station PC

Command Center window wherein commands are displayed along with a checkbox used to select
them. If a command requires one or more arguments, another window will pop up as the command
is selected. The operator enters arguments as decimal integers. The command is then added to a
transmission queue. The box at the bottom of the Command Center window displays the commands
currently in the queue. Hitting the send button will transmit the queue.

The Satellite Status window in the upper right features two tabs. The tab selected in the screenshot
displays the latest received values for all 23 sensors. The other tab displays a log of commands sent,
as well as the satellite’s responses to inquiries not related to sensor readings. The Transmission
Status window is in the lower right corner. It displays the header information, time sent or received,
and the checksum for all incoming and outgoing packets. The arrow buttons at the bottom allow the
user to browse the packet history. Bytes Sent and Bytes Received windows are in the lower left
corner. These windows simply display the incoming and outgoing bytes in hex and/or ASCII



formats. In the extreme lower right is the Console Log window which displays status information for
the program itself. Any errors in initialization including port contention during acquisition are
displayed here as well as the load progress for various source files and components.

 LINK BUDGET
 
 Our primary concern for the downlink budget was the expected signal level and SNR at the output of
the ground station’s mast mounted LNA which would then provide sufficient gain at a low enough
noise figure to overcome receiver mismatch and cable losses. We measured ~ 300 mW of
unmodulated carrier power output from our 70 cm satellite transmitter. Worst case values for
relevant system parameters are listed in Table 3.
 

 Table 3: Summary of link budget parameters
 

 Parameter  Value  Units
 Transmit power  24.8  dBm
 Transmit antenna gain  1  dB
 Receive antenna gain  16.8  dB
 LNA gain  15  dB
 LNA noise figure  1  dB
 Carrier wavelength  68.7  cm
 Acquisition range  2500  km
 Transmission bandwidth  15  kHz
 VSWR for each antenna  1.5:1  
 Pointing loss factor  1  dB
 Polarization loss factor  3  dB
 Atmospheric attenuation loss factor  0  dB
 Transmission line loss for a 150 ft cable  2.55  dB
 Overall system noise temperature (receiver not included)  301.7  K

 
 Link budgets for the 2 m and 70 cm uplinks were also calculated using the proper values for
wavelength and a transmitter power of 180 W at 70 cm and 160 W at 2 m. Table 4 summarizes the
results for each of the satellite frequencies. The SNR was calculated at the receiver terminal for the
uplink.
 
 Achievement of the SNR value for the beacon is a result of the use of a sliding filter of 10 Hz BW.
Since the beacon produces a 10 mW EIRP (5 mW of which is in the carrier), the irradiance at 2500
km is 6.35 x10-17 Wm-2. An omni-directional antenna with 0.0375 m2 of capture area and a 3 dB
polarization loss will deliver 1.2x10-18 watts (-149 dBm) to the terminal. The noise power in a 10 Hz
bandwidth of a 290 K system is -164 dBm, giving a 15 dB SNR for the carrier and a 12 dB SNR for
the sidebands. Link closure just above the horizon under worst case conditions for the main
transmitter and beacon appears certain.
 
 



 Table 4: Results of link budget calculations
 

 Frequency
 (MHz)

 SNR
(dB)

 Signal strength at receiver
 (dBm)

 Receiver sensitivity
 (dBm) for 12 dB SINAD

 436.870 down  39.48  -92.56  -124
 436.870 up  53.21  -78.83  -110
 145.835 up  62.23  -69.82  -120

 436.825 down    12.00*  -152.24   < -164**
  * Resulting from a10 Hz BW sliding filter for the beacon
** Achieved through computational filtering

 
 

 CONCLUSION
 
At the time of this writing, some testing remains to be completed.  The primary communication and
operating systems appear to be working properly. We have found that for high noise levels and weak
signal conditions, it may be necessary to send back-to-back repeats of a command in order to achieve
synchronization.   Full integration of our radiation effects experiment has not been completed so we
do not yet know how well it will work.

As stated in the introduction, our main objective is to develop a bus that will be useful for a variety
of science projects. We also want to involve other amateur radio operators from dispersed
geographic locations in ground station operations. With minor modifications, we will be able to
adopt the standard communication protocols commonly used in the amateur bands. We expect the
complexity of future projects to increase significantly. The primary controller will be fully occupied
with running those experiments and processing data. Communication, guidance and power
electronics will probably need their own controllers. FPGAs are good candidates for this purpose.
We will also likely move to a higher frequency requiring changes to our radios and are looking into
the use of patch antennas to avoid the issue of deployment. In addition, we found that AFSK may not
be the best choice of modulation schemes because of the large proportion of FM receivers that
incorporate pre-emphasis and de-emphasis circuitry. As a result, we were forced to add additional
circuits to our modem to balance the mark and space tones so that we could recover our data. This
will present difficulties if we are to involve other amateurs in future projects. Therefore, we will be
examining the possible use of standard FSK, QPSK or other alternatives.
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ABSTRACT 
 
A need exists to provide a flexible data reduction tool that minimizes software development costs 
and reduces analysis time for telemetry data. The Common Airborne Processing System (CAPS), 
developed by the Freeman Computer Sciences Center at Eglin AFB, Florida, provides a general-
purpose data reduction capability for digitally recorded data on a PC. Data from virtually any kind of 
MIL-STD-1553 message or Pulse Code Modulation (PCM) frame can be extracted and converted to 
engineering units using a parameter dictionary that describes the data format. The extracted data can 
then be written to a file, ASCII or binary, with a great deal of flexibility in the output format. CAPS 
has become the standard for digitally recorded data reduction on a PC at Eglin. New features, such 
as composing derived parameters using mathematical expressions, are being added to CAPS to make 
it an even more productive data reduction tool. This paper provides a conceptual overview of the 
CAPS version 2.3 software. 
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INTRODUCTION 
 
CAPS is a PC-based data reduction tool developed by the Freeman Computer Sciences Center at 
Eglin AFB, Florida. CAPS provides the analyst with a flexible, easy to use tool for telemetry data 
reduction. Before the advent of CAPS, data reduction was done with costly, application-specific 
hardware and software tools. Each new data reduction application required a costly investment of 
time, money, and resources to develop new tools. With the generic data reduction capabilities of 
CAPS, the analyst can now perform data reduction and analysis more effectively in less time and 
with lower cost. The continued addition of new features makes CAPS an even more powerful data 
reduction tool. 
 
 



SYSTEM DESCRIPTION 
 
CAPS operation is centered on three main components, or engines (Figure 1). These are the Input 
Engine, which reads raw data from an input source, the Engineering Unit Conversion (EUC) Engine, 
which extracts parameters from the raw data, and the Output Engine, which formats the extracted 
parameters for output. A fourth engine, the Executive Engine, controls the creation and operation of 
the other engines. 
 

 
Figure 1. CAPS System Overview 

 
 
Raw data are read into CAPS with the Input Engine. Each source of data is assigned to a separate 
Input Engine. Multiple Input Engines can process the same data source, if desired, to simultaneously 
process a data source in different ways. MIL-STD-1553 data and PCM data are provided to CAPS in 
a file that conforms to either the Eglin Digital Data Standard (DDS) format or SBS PASS 1000 
format files. 
 
 



 
 

Figure 2. Session Editor 
 
 
After a frame of data has been read into CAPS, it is processed by the Input Engine according to 
selections entered in the Session Editor (Figure 2). The frame time is processed by setting its 
precision to either milliseconds or microseconds, and by adding an optional time bias. Time 
precision is set by clearing the nanoseconds field of frame time for microsecond precision, or by 
clearing the nanoseconds and microseconds fields for millisecond precision. (Nanosecond precision 
is reserved for future enhancements.) This allows the analyst either to keep or to discard the 
microseconds portion of time, depending on the reliability of the time measurement. 
 
The Input Engine then compares the Frame Information Flags with the Frame Flag Mask from the 
Session Editor. If a logical AND of these two values produces a non-zero result, the data frame is 
discarded due to errors. (The DDS standard defines the error flags in the Frame Information Flags 
field.) 
 
The next step in Input Engine processing is to compare the frame time with a list of time intervals 
from the Session Editor. If the frame time cannot be found within any of these defined intervals, the 
data frame is discarded. If no time intervals are defined, then this step is skipped and all data frames 
are kept for output processing. 
 
The last processing step for the Input Engine is to check for time backups and jumps. If the frame 
time represents a time back up or jump, and the user has selected to discard time backups and jumps, 
the data frame is discarded. 



 
 

 
 

Figure 3. Dictionary Editor 
 
After being processed by the Input Engine, the raw data frame is sent to the EUC Engine for 
parameter extraction and engineering unit conversion. The EUC Engine performs this extraction and 
conversion using a parameter dictionary—a low-level description of the data (Figure 3). 
 
For each parameter it processes, the EUC Engine first determines if the parameter is contained in the 
raw data frame being processed. This is done by comparing the data frame ID with the Msg ID 
defined for the parameter in the dictionary. The Msg ID is normally set to 0 for PCM frames, but for 
1553 messages it is set to the command word (command word 1 for RT-RT messages). The Msg 
Mask is used to identify a parameter as belonging to a group of messages (such as all receive 
messages). The Msg Mask is logically ANDed with both the frame ID and the dictionary Msg ID 
before the comparison is made. 
 
Parameter extraction can also be dependent on the value of other parameters. A parameter’s 
dependencies are specified in the dictionary as a logical expression of the results of other parameters. 
It is possible, for example, to specify that parameter A can be extracted only if parameter B is equal 
to 0 and parameter C is not equal to 0. If such a dependency check fails (evaluates as false), the 
parameter is considered not to exist within the data frame being processed. 
 
Once the EUC Engine determines that a parameter is contained in the data frame, it is extracted and 
data-type conversion is performed. The parameter is extracted from the location specified in the 
dictionary. Parameters can be up to 64 bits long and can be composed from multiple, non-contiguous 
fragments. After being extracted, the parameter is converted from one of many different types of 



integer and floating point formats available, to a signed integer (32-bits), an unsigned integer (32-
bits), a floating point number (64-bit IEEE format), or a character array. 
 
After extraction and data type conversion, a gain and offset are applied to perform a linear 
conversion of the form y = mx + b where m and b are the Gain and Offset, respectively, specified in 
the dictionary. 
 
 

 
Figure 4. OPD Editor, OPD Setup Page 

 
After parameters have been extracted and converted by the EUC Engine, they are sent to the Output 
Engine to be formatted for output. For each desired output file, the Output Engine uses an Output 
Product Description (OPD) defined by the user (Figure 4). The OPD defines the output file format 
(ASCII, generic binary, or DDS) and other characteristics of the file, such as the number of lines per 
page and the header information to print at the top of each page. Various triggering options can also 
be selected to filter the output. 
 
The Output Engine can produce a single output file from multiple input sources. The OPD allows for 
parameters to be selected for output from multiple dictionaries. Each parameter can be individually 
formatted for output. 
 
Derived parameters are composed from dictionary parameters (and other derived parameters) using 
mathematical expressions. They can also be defined for output in the OPD. For example, if the X, Y, 
and Z positions of an aircraft are available in the raw data file, a new parameter representing the 



slant range can be defined as SR = √(X2 + Y2 + Z2) and output along with other parameters extracted 
from the data. 
 
 

APPLICATION DESIGN 
 
CAPS was designed using the Unified Modeling Language (UML) and is implemented in Visual 
C++ 6.0 using Microsoft Foundation Classes (MFC). Various design patterns, such as Factory 
Method and Composite, were used in the design. The overall architecture of the software is shown in 
Figure 5. 

 
 

Figure 5. CAPS Software Architecture 
 



A detailed treatment of the CAPS design is beyond the scope of this paper. However, an insight into 
the flexibility of the CAPS design can be gained by examining the class diagram of the Input Engine 
(Figure 6). 
 

 
Figure 6. Input Engine Class Diagram 

 
The InEngine class is the main class of the Input Engine. It is derived from BaseEngine, which 
provides for operation of each engine in its own thread. The Input Engine reads data frames from a 
source through the interface provided by the abstract class InMessage. The concrete classes derived 
from InMessage, InMessageDds and InMessagePass1000, provide the capability for reading from 
either DDS or SBS PASS 1000 files. Additional file formats can easily be supported by 
implementing a new class derived from InMessage. 
 



InMessage, in turn, reads data from a physical source through the InStream interface. CAPS 
currently supports reading of data from files only, but the InStream interface allows for easily adding 
new data sources, such as network sockets. 

 
 

CONCLUSION 
 
CAPS has succeeded in its goal of providing the analyst with a flexible, easy to use data reduction 
tool. At the time of the writing of this paper, CAPS version 2.3 was nearing completion. This version 
will incorporate the addition of derived parameters (described above), add greater flexibility in 
output configuration with the OPD, and begin the incorporation of newer technologies, such as 
XML. This will allow CAPS to continue to evolve as the Eglin AFB data reduction tool of choice 
well into the 21st century. 
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ABSTRACT 
 
The Central Control Facility at Eglin Air Force Base has acquired full intellectual rights to a single 
board telemetry card with device driver and test software.  This card has an integrated IRIG 106 
PCM decommutator, IRIG time clock and minimal PCM simulator capability using the latest in 
Field Programmable Gate Array technology.  Eglin will offer this capability to the telemetry 
community as both open source hardware and software and solicit partnerships with both 
government and private industry for both open source and closed source for-profit products. 
 

KEY WORDS 
 
Decommutator, Open Source, FPGA, TMATS, PCM 
 

INTRODUCTION 
 
Through a small business contract, the government has developed a single board telemetry card 
containing a PCM decommutator, IRIG time clock and simulator.  As part of this contract the 
government received all intellectual rights to the hardware and software.  Eglin has decided to 
release this intellectual property into the public domain for both open source projects and for closed 
source for-profit development.  This paper will cover the specifications of the telemetry card and 
will discuss the developments that Eglin has planned.  Also to be covered are recommendations for 
potential commercial developments around the card. 
 

OPEN SOURCE TELEMETRY GROUND STATION DEVELOPMENT 
 
1. Hardware Description 
 
The telemetry card consists of a Frame Synchronizer, Time Code Translator, and PCM Simulator.  It 
is based on a generic architecture including a high density Field Programmable Gate Array (FPGA), 
128K bytes of look up table memory, 256K bytes of buffer memory and PCI computer interface.  
The card is plug-and-play compatible supporting both PCI Target and Bus Master modes.  The 
Target mode supports memory mapped and burst mode transfers and the Bus Master mode supports 
DMA burst transfers at full PCI bus bandwidth. 



 
The IRIG106 Class I/II frame synchronizer operates over a 1bps to 25 Mbps range and has TTL and 
RS-422 NRZ-L Clock and Data inputs.  The following table summarizes the frame synchronizer 
features: 
 

• Sync Pattern: 4 to 64 bits with masking 
• Frame Length: 8 to 65,535 bits/frame up to 16384 words 
• Word Length: 4 to 64 bits; MSB/LSB programmable on a word-by-word basis 
• Sync Strategy:  Search/Check/Lock; 0-15 errors/frames programmable 
• Burst Mode 
• Polarity: Normal, Inverted, and Auto Detect 
• Parity: Test, Strip 
• Asynchronous Embedded Formats supported via module chaining 

 
The Time Code Translator supports IRIG B with a flywheel function that can be enabled or disabled.  
1 PPS is available as a card output. 
 
The PCM simulator operates over a range of 1 bps to 25 Mbps with TTL clock and data output.  
Output codes supported are: NRZ-L/M/S, BiPhase-L/M/S and RNRZ-9/11/15 fwd/rev.  User 
defined, waveform, and random data patterns are supported. 
 
Status outputs of Frame Synchronizer search, check, and lock are available to be inserted into the 
data buffer on a minor frame basis. 
 
The card is expandable through a connector on the card.  Bit synchronizers that operate up to 20 
Mbps second will be available as a daughter card via this connector.  Other cards may be available in 
the future. 
 
The card FPGA core is downloadable from an on-board PROM or directly from the PCI bus.  This 
allows for the configuration of the module at runtime.  This allows for a future capability of 
developing multiple card personalities. 
 
2. Software Description 
 
Some software has been developed around the telemetry card in a Microsoft Windows only 
environment.  At the time of this writing, the software has not been fully assessed by the 
government.  Known to be included in this software set is a device driver and test software used in 
the hardware development as well as software for data distribution over a network.  The government 
is planning to assess the software and make a determination of what parts will be converted to a 
cross platform environment.  This initial set of software to convert to cross platform will be the 
initial basis for the open source distribution. 
 
3. Product Availability 
 



Open source documentation to include card schematics, Gerber files, FPGA core files, software 
source code and related documentation will be made available on a CD-ROM.  Please request CD-
ROMs and other materials from Neal Urquhart via email, neal.urquhart@eglin.af.mil. 
 
4. Future Development 
 
Eglin plans a number of uses for the telemetry card.  The plan is to start small and build up to more 
complex uses in time.  The following is a list of six proposed open source projects under 
consideration at Eglin: 
 

• Research cross platform development tools that will allow for shared Linux and Windows 
source code 

 
• Linux device driver and control store loader that will allow further Linux development  
 
• TMATS (IRIG Telemetry Attributes Standard) loader or converter 
 
• PCM Lock Monitor:  The first simple application for the card will be to develop a simple 

PCM stream lock monitor.  This will consist of a GUI screen displaying constant lock status 
of one or more streams with some level of statistical information.  Statistical information 
could be number of frame lock transitions since last reset or for nn number of seconds. 

 
• Simple Data Logger:  A project to record PCM data to disk would be accomplished.  The 

first data format to be supported would be the Digital Data Standard used at the Central 
Control Facility at Eglin. 

 
• Simple Data Server:  A project to create a data server application using the card as the data 

source.  The first application at Eglin for such a server might be to connect to commercial 
digital stripchart software. 

 
CONCLUSIONS 

 
This project has the potential of placing telemetry hardware in applications that don’t need high-end 
capabilities and where cost is a major factor.  For instance, most users could not afford to dedicate 
costly commercial telemetry systems to such applications as lock monitoring to verify tape 
recordings.  In addition, commercial software vendors that cannot afford the hardware research and 
development costs to develop their own telemetry hardware may opt to bundle their software with 
the hardware developed through this project.  Presently Eglin AFB is soliciting for government and 
industry partners to continuing the development of the telemetry card and software.  Eglin is looking 
for companies to manufacture cards at three levels; bare board, board with hard to solder 
components and complete card.  Also Eglin is looking for developers to continue the open source 
product and commercial vendors interested in bundling their products.  Although open source 
development is encouraged, Eglin is allowing full commercial development of the product. 
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ABSTRACT 
 

Because of an ever-increasing need for performance and high predictability in modern 
real-time telemetry systems, the Java programming language is typically not considered a 
viable option for embedded software development. Nevertheless, the Java platform 
provides many features that can easily be applied to embedded telemetry systems that 
other development platforms cannot match. But obviously, there are pitfalls to be aware 
of. This paper will present an alternative solution to address today’s problems in real-time 
telemetry systems and will cover the following topics: 
 

• Java development platforms for the embedded world 
• Impact on software portability and reusability 
• Performance and optimization techniques 
• Direct access to hardware devices 
• Memory management and garbage collection 
• Network-centric component-oriented architecture 
• Real-time examples from past experience 
• Future developments 
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INTRODUCTION 
 
Born in 1995, the Java programming language was primarily conceived and developed as 
an alternative to traditional high-level languages such as C and C++. It was originally 
targeted for platforms such as Sun Solaris, Microsoft Windows, and most importantly the 
World Wide Web through the use of Internet browsers. 
Three years later, after a very successful start, it was decided to expand the use of this 
state-of-the-art programming language to the world of embedded computing, from full-
blown multi-processor systems to small devices such as cell phones and PDAs. 
However, Java concepts cannot be directly applied to real-time embedded platforms 
without taking into consideration the constraints of such environments: limited system 
resources (processing power, memory and I/O interfaces), high reliability, security, etc… 
These requirements demand a solution providing both flexibility and scalability. The goal 
of this paper will be to determine if and how Java can be successfully applied to the 
world of embedded computing. 
 

THE JAVATM PLATFORM 
 

Running on top of the existing operating system, the Java platform provides both a 
development and runtime environment via a virtual machine. A Java program is nothing 
else but a set of source files compiled to binary machine-independent byte codes that can 
be executed (or more precisely interpreted) by the virtual machine. The following 
diagram illustrates a typical java compilation and runtime process:  
 

 
Figure 1 – Java Compilation and Execution Overview 

 

Java
Compiler
(javac)

Java
Compiler
(javac)

Class Loader
Bytecode Verifier

Java Class
Libraries

Java Virtual Machine

Host Operating System

Hardware

Run-Time System

Java
Source
.java

Java
Bytecode

.class

Java
Interpreter

Just-In-Time
Compiler

Java
Compiler
(javac)

Java
Compiler
(javac)

Class Loader
Bytecode Verifier

Java Class
Libraries

Java Virtual Machine

Host Operating System

Hardware

Run-Time System

Java
Source
.java

Java
Source
.java

Java
Bytecode

.class

Java
Bytecode

.class

Java
Interpreter

Just-In-Time
Compiler



Java for real-time telemetry systems 
L-3 Communications, Telemetry West 

3

Therefore, Java is not only a high-level object-oriented programming language but also a 
software development platform that includes a runtime environment. In fact, the Java 
platform is comprised of multiple layers that can be used together or separately to address 
specific programming needs: 

 
Figure 2 – Java Software Platforms 

 
With the introduction of Java 2 (i.e. JDK 1.2.2) in 1999, Sun Microsystems decided to 
deploy three different Java platforms: 
 

• The Java 2 Enterprise Edition (J2EE) geared toward e-commerce and 
business/enterprise software applications 

• The Java 2 Standard Edition (J2SE) addressing software needs for desktop and 
workstation applications 

• The Java 2 Micro Edition (J2ME) focused on consumer electronics and more 
importantly embedded devices. 

 
In 2002, the most up-to-date release of these Java 2 platforms was version 1.4, available 
as of last April. 
 
As far as embedded development is concerned, an initial specification called Personal 
Java was released by Sun in 1998. A few vendors including Sun offered implementations 
for various targets such as PowerPC and Intel processor boards and basically gave life to 
Java in embedded targets for the first time. It is one of these implementations that L-3 
used and deployed on their high-end telemetry processor 2 years ago. 
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More details will follow on current and future specifications for the J2ME platform in the 
last section of this paper. 
 
In parallel to the J2ME developments, a few Java experts have created a specification for 
a real-time environment for Java. This specification as well as preliminary 
implementations will be discussed later on. 
 

SPOTLIGHT ON JAVA AS A PROGRAMMING LANGUAGE 
 
Developed as a replacement for traditional and proven high-level languages such as C 
and C++, Java is overall a simple object-oriented language, designed for rapid 
development through software reusability and robust computing guaranteed by a new 
memory management scheme. 
 
For the telemetry software engineer, Java provides a high level of reliability and typically 
shortens development cycles, both criteria being equally important in flight test or space 
communities. 
 
Core features of the Java language include standard platform-independent data types, 
absence of pointers (cause of nightmares for C and C++ programmers), advanced error 
management (including runtime verifications for out-of-bound writing, stack overflow or 
division by zero situations), dynamic loading and discovery of classes, etc. 
 
In addition to these basic (but essential) programming elements, the Java language 
supports a plethora of library classes to address such needs as networking, multi-
threading, SQL database management, and internationalized user interfaces… 
 
In the context of embedded programming, there is a crucial need for full control of 
memory and hard drive resources. For that very purpose, it is usually possible to 
customize an embedded Java virtual machine to only include classes of interest for a 
particular program. Furthermore, networked configurations can benefit from the dynamic 
class loading aspect of Java to access certain classes or libraries as needed during 
execution. 
 
The following diagram illustrates how Java classes can be organized within a virtual 
machine: 
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Figure 3 – Java Virtual Machine Customization 

 
SOFTWARE PORTABILITY 

 
One of the advantages that Java brings to the programmer is platform independence. 
Benefits of this approach for software development cannot be overemphasized. Indeed, 
once true platform independence is achieved, the programmer can focus on a single body 
of code and not worry about platform specific details - such as file I/O, native data types 
or graphic primitives to name a few… 
 
It was not until version 1.2+ that Java provided true, efficient platform independence, 
including all graphical widgets and primitives. 
 
Platform compatibility issues are now pushed down one level to the virtual machine 
layer. Conveniently, Java 2 compliant virtual machines have been made available on 
most commonly used operating systems. 
 
Embedded developers usually face a significant amount of hardware configurations, 
making it difficult to port an application from one platform to the next. Standard 
specifications or APIs are non-existent, creating a need for rapid software portability. 
Although Java may not address all of the embedded programmer’s needs, it does provide 
a portable framework for commonly used sections of code, not requiring hard real-time 
performance. 
 
For standard telemetry software, L-3 has found that 75% of the embedded C code 
(sometimes even more) could be ported to Java and become platform-independent as well 
as network friendly. 
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The following diagram illustrates a common technique to make the most of Java in an 
embedded application without affecting real-time performance: 
 

 
Figure 4 – Java cooperation with native code 

 
The Java Native Interface (JNI) acts as a bridge between native resources and Java 
classes. It is typically used to access various memory regions or call native functions such 
as task management routines. JNI will be further discussed in the section dealing with 
direct access to hardware resources. 
 

CODE REUSABILITY, MYTH OR REALITY? 
 
Source code reusability is definitely not a new concept in the software engineering field. 
Yet, few programming languages can make such a claim. With loose object 
encapsulation, C++ supports code reuse, but does not make it easy for the programmer. It 
is commonly admitted in the programming community that Java somehow breaks the 
barrier of code reusability and outperforms most object-oriented languages in this regard. 
There are 3 key aspects of Java that make this possible. First of all, multiple inheritance is 
not permitted. Developers have to use interfaces to define multiple behaviors for a given 
class. Second, object encapsulation is strictly enforced in Java, global variables or 
functions outside of the scope of a class are simply not supported. Finally, Java does not 
have header files and uses the concept of packages. This new way of grouping a set of 
classes together into a reusable component greatly facilitates code sharing across 
applications and projects. 
 
L-3’s experience with code reuse with Java has been overall very positive. Previous 
attempts using C and C++ were questionable, whereas current development projects 
written in Java have definitely made great use of this feature. 
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For the embedded programmer, having access to off-the-shelf components ready to be 
integrated is an invaluable advantage. This allows for a larger feature set, coupled with 
decreased development cycles. 
 
In the case of a telemetry processing system running a real-time operating system, L-3 
was able to reuse basic initialization and control code across most supported modules, 
resulting in a reduction of development time. The following UML diagram is an example 
of code sharing across 2 telemetry modules. 
 

 
Figure 5 – Code reuse UML example 

 
In the source code, developers only need to reference the original package using the 
‘import’ keyword. Here’s a snippet of code for the Decommutator module: 
 

// Decommutator Module

import lstar.lfc.module.BaseModule;

public class Decommutator extends BaseModule
{

// Class definition
}

 
Figure 6 – Code reuse source example 
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RELIABILITY & SECURITY 
 
Yet another critical aspect of real-time embedded devices, reliability was a major design 
factor for Java. Many embedded systems perform mission-critical tasks and must never 
fail, making Java a language of choice for this type of applications. Indeed, Java enforces 
various safety measures, providing a viable runtime environment for critical tasks. 
 
Java performs strong compile and runtime verifications and can detect casting errors, 
major runtime errors such as division by zero without crashing the application. The 
developer must also comply with rules of structured pure object-oriented programming 
through the use of classes and packages, eliminating problematic global variables for 
instance. Finally, last but not least, Java provides an advanced automated memory 
management scheme (called garbage collection), greatly simplifying object lifecycle 
management. Programmers need not worry about releasing memory when a given object 
goes out-of-scope; the garbage collector thread will silently collect unused objects (i.e. no 
longer referenced anywhere in the code) and free memory as needed. 
 
Furthermore, in most embedded systems, security must be enforced and maintained at all 
cost. Java provides a secure execution environment where the virtual machine performs 
strict code verification prior to execution. Local system resources can therefore be 
shielded from potentially harmful code. Java’s multi-threading model adds to this 
security aspect by imposing well-bounded execution contexts for each active thread. 
 
 

NETWORK CENTRIC ARCHITECTURE 
 
Another great facet of Java lies in its ability to interact with network applications very 
easily, almost seamlessly. Java was conceived around the idea that “the network is the 
computer” as Scott McNealy (CEO, Sun Microsystems) puts it. Distributed computing is 
therefore an inherent part of the Java language. 
 
Although standard network protocols such as TCP/IP are fully supported in Java, its real 
strength comes from the Remote Method Invocation (RMI) classes. Vaguely similar to 
Remote Procedure Calls (RPC) in other languages, RMI redefines distributed computing 
for high-level languages. Connecting to remote objects and invoking remote methods has 
never been so easy. 
 
Benefits to the embedded programmer are obvious. First of all, most standard network 
protocols are supported in a platform-independent way, making it very easy to establish 
socket connections or to run local servers in Java. Moreover, RMI allows embedded 
devices to exist and advertise public services seamlessly to other computers running on 
the same network. 
 
As an example, L-3’s high-end embedded telemetry system makes extensive use of RMI 
to create a set of self-contained telemetry modules readily available on the local network 
– and this is possible independently of how these modules are locally configured or 
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controlled. This approach provides redundancy and module isolation (in case of 
problems) and facilitates remote management from a powerful workstation for instance. 
 
The following diagram shows a typical distributed system using L-3’s design: 
 

 
  Figure 7 – Seamless distributed computing in Java 

 
ISSUES FOR EMBEDDED COMPUTING 

 
While Java provides many attractive features for the embedded developer, there are still 
several issues to overcome. There is no denying that Java has come a long way since its 
inception to fit the embedded programming mould. Still, certain tasks such as direct 
access to hardware devices remain cumbersome to say the least. The following sections 
will uncover various performance issues or language limitations and hopefully propose 
potential workarounds for the enthusiast embedded Java developer. 
 

PERFORMANCE 
 
Designed as an interpreted language, Java is plagued with execution speed issues. 
Although Java byte codes are perfect for software portability, they do not help 
performance, quite the contrary in fact. A major problem for certain embedded 
applications. 
 
Historically, Sun and other vendors have been constantly working on performance 
improvements for current virtual machines. Over the years, Java execution speed has 
gradually improved. More particularly, the introduction of the HotSpot virtual machine 
brought significant changes to the picture. Nevertheless, even today, Java is still slower 
than native code in most cases. Graphics performance is one of the most noticeable 
degradations. Luckily, embedded programming rarely requires graphical capabilities. 
 
To counter these issues, a few optimization techniques are being tested and applied to 
recent virtual machines. For instance, a popular way to improve runtime performance is 
to use a Just-In-Time (JIT) compiler as part of the virtual machine. This is essentially 
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used to convert Java byte codes to native machine code on-the-fly. However, JIT 
compilers are not well suited for embedded computing because they use a lot of memory 
and may cause unpredictable delays during execution. In addition, for various reasons, 
optimizations performed by a JIT compiler are always less effective than those performed 
for traditional languages (C and C++). 
 
More advanced techniques had to be developed. Enters adaptive optimization. This new 
scheme allows a virtual machine to detect and analyze sections of code that are executed 
very often. This particular code is then compiled to native code and possibly optimized 
using method inlining for instance. 
 
Specific embedded virtual machines may use similar techniques such as dynamic 
adaptive compilers (as in JWorks from WindRiver Systems) or ahead-of-time (AOT) 
compilers. 

 
Figure 8 – Dynamic Adaptive Compiler example 

 
Overall, despite various optimization techniques, experience has shown that execution 
speed remains a problem when using Java for performance-hungry applications. 
 
Nevertheless, in most real-time operating systems, Java threads are fairly well isolated 
from real-time tasks. The virtual machine does map Java threads to native tasks but they 
can all be preempted by higher priority tasks. This works really well as long as Java is not 
used for critical operations. 
 
As an example, L-3 decided to use Java for setup and control operations but kept real-
time processing functions in C to address performance issues. Most telemetry hardware 
modules only require software interaction at setup time. For instance, a typical hardware 
decommutator module needs to be configured at setup time and operates on its own at 
runtime. So, in this case, Java runtime performance is not really an issue. But there are 
cases where interrupts need to be handled or real-time algorithms are needed. This is 
when a language like C remains superior. Consequently, it is this hybrid approach that 
seems to work best in most cases. 
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DIRECT ACCESS TO HARDWARE RESOURCES 

 
One of the consequences of platform independence is low-level resource isolation. 
Basically, to ensure that Java software be 100% portable, the language prohibits any 
direct access to local resources. This includes operations like memory addressing, low-
level I/O, video memory access, etc. 
 
Needless to say, this is a serious limitation for any embedded developer. Fortunately, 
Java designers realized early on how critical this issue was and released a set of classes to 
access native resources through the use of native code. 
 
The Java Native Interface (JNI) allows applications written in Java to interact with other 
pieces of software written in a different language such as C and C++. It is the ultimate 
solution when Java cannot be used. Unfortunately, JNI turns out to be quite convoluted 
and makes basic statements complex. Indeed, Java primitive data types and classes have 
to be somehow mapped into structures of the other language. This often results in 
artificial, cumbersome software. Embedded programming demands features such as 
memory access and interrupt handling. Until last year, JNI seemed to be the only way to 
accomplish this. 
 
However, with Java 1.4, Sun introduced the concept of direct memory access through the 
use of direct buffers (java.nio.ByteBuffer). Upon allocation of a direct buffer, the JVM 
will make a best effort to perform native I/O operations on that particular memory area. 
This is a potential solution to direct memory access even if it is still pretty limiting at this 
point in time. If nothing else, it is a step in the right direction for future developments. 
 
As bad as it sounds, there are still ways to make JNI interact well with Java applications. 
To manage various telemetry modules, L-3 developed a generic Hardware I/O library in 
Java and implemented its sibling in C using JNI as a bridge. As a result, programmers 
only see the Java interface and can seamlessly interact with physical memory, performing 
operations such as 32 bit read/write or block read/write, etc. Obviously, matters become 
worse when interrupt handling is required. The best option seems to rely on native code 
to register interrupt handlers in native tasks and service interrupts as they arise. 
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The following diagram shows how JNI can be used to mix Java and C/C++ code: 
 

 
Figure 9 – JNI usage overview 

 
MANAGED MEMORY, BLESSING OR CURSE? 

 
Garbage collection was briefly mentioned in previous sections. It is by far one of the best 
features of the Java platform. Never before were programmers able to rely on the runtime 
environment to reclaim unused memory objects dynamically. Memory leaks are a major 
source of failure in languages like C and C++ but are a thing of the past in Java. 
 
But garbage collection can also be a real nightmare for embedded programmers. This 
particular thread is run by the Java virtual machine itself and is usually not preemptible. 
Consequently, once the garbage collector starts running, it has to complete before any 
other Java thread can resume. Any premature termination would leave the memory in an 
undefined state. Furthermore, nobody can predict how long the garbage collector will run 
for. This is unacceptable in most embedded environments, where high predictability is 
required. 
 
As with virtual machine performance issues, various garbage collection algorithms are 
being implemented and tested in different application contexts. Traditionally, memory is 
reclaimed all at once and the process cannot be preempted. Execution time is unknown. 
This is how initial garbage collectors were implemented, which is obviously 
inappropriate for embedded programs. 
 
Recent embedded virtual machines offer solutions such as incremental garbage 
collection, which is a smoother clean up process, based on incremental, fixed steps. This 
may address the issue of consistency for execution times but is still not a preemptible 
process. 
 
On the other hand, solutions like concurrent garbage collection provide preemptible 
algorithms with undetermined execution times. 
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To date, no garbage collection algorithm addresses all the problems identified above. The 
programmer must basically choose which algorithm to use based on the type of 
application to be written. 
 
In perspective, having an automated memory management system is still beneficial to 
most projects. Once again, a hybrid approach making use of native code when critical 
performance is needed seems like the best solution. It is quite easy to implement and 
provides even more freedom in the Java code, since critical operations are left to native 
tasks and will not be affected. 
 

 
Figure 10 – Different types of garbage collectors 

 
REAL-TIME JAVA OFFERINGS 

 
Getting an embedded virtual machine for a given configuration is usually pretty 
straightforward. Most real-time operating system vendors provide one or more Java 
virtual machines for their platform. And they usually support multiple architectures. In 
addition, source code for reference implementations can also be obtained from Sun if 
necessary. 
 
Most common embedded virtual machines run under VxWorks or embedded Linux. 
Companies like Wind River Systems, NewMonics and MontaVista provide several 
implementations of virtual machines for different processors. 
 
Although J2ME 1.3 or 1.4 seems to be most up-to-date version available, it is surprising 
to notice that implementations such as JWorks from Wind River still rely on old 
specifications like Personal Java and do not have a full J2ME compliant virtual machine 
yet.  
 
One concern could be that current development appears to shift more and more toward 
small devices like handhelds and cell phones. It seems that little effort is put into Java 
software for high-end embedded systems. 
 

FUTURE DEVELOPMENTS 
 
One of the most encouraging improvements proposed by the Java Community Process 
lies in the development of a real-time specification for Java. The specification document 
is in its final stages and beta implementations are quickly becoming available. 
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The specification focuses on the following topics: 
 

• Scheduling 
• Memory management (with new concepts like immortal memory) 
• Synchronization 
• Asynchronous event handling 
• Asynchronous transfer of control 
• Asynchronous thread termination 
• Physical memory access 
• etc… 

 
Timers are being studied to provide accurate and precise time management and task 
scheduling. Threads are being improved to support stringent real-time requirements. 
 
This is probably the most interesting Java improvement for embedded computing. Still at 
an infant stage, the future looks promising for this particular technology. 
 

CONCLUSION 
 
No tool is perfect and Java is no exception. It does offer real benefits to embedded system 
developers as long as they make intelligent use of it. Hybrid solutions are often needed to 
take advantage of Java’s advanced features without sacrificing native performance. It is 
obviously convenient to be able to connect to an SQL database server from an embedded 
Java thread and to register low-level interrupt handlers at the same time. It is only a 
matter of making educated choices during the project design phase. 
The Java language is in constant evolution and will undoubtedly become an even more 
attractive tool for embedded developers over time. 
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ABSTRACT 
 

This paper presents the basic concept, construction principle and implementation work for the 
Automatic Dependent Surveillance (ADS) system. As a part of ADS system, the ADS message 
processing system based on PC computer was given more attention. Furthermore, the paper 
introduces the ADS trial status and points out that the ADS implementation will bring tremendous 
economical and social efficiency. 
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INTRODUCTION 
 

In order to overcome the defect of current air navigation system, and to improve this system 
essentially, the new Air Navigation System (FANS) has been developed by International Civil 
Aviation Organization (ICAO) in the recent years. The basic content of the FANS is using satellite 
technology to establish a new global Communication, Navigation and Surveillance (CNS) system 
and corresponding Air Traffic Management (ATM) system. The Automatic Dependent Surveillance  
system based on satellite is one of the most important parts of the FANS. 
 
ADS is a function for use by air traffic services in which aircraft automatically transmit, via a 
datalink, data derived from on-board navigation systems. As a minimum, the data include aircraft 



identification and four-dimensional position information. Additional data may be provided as 
appropriate. 
 
ADS is a new creative important idea in the Future Air Navigation System implementation. The 
introduction of air-ground datalink together with sufficiently accurate and reliable aircraft 
navigation systems present the opportunity to provide surveillance service in the oceanic areas and 
other desolate and uninhabited areas where the current systems were proved to be difficult, 
uneconomic, or even impossible to implement. In China, considering this aspect it is particular 
important. In the remote west part of China, there are a lot of mountains, desert and primeval forest 
where the conventional communication, navigation and surveillance ground facilities are difficult to 
build, or even impossible. Even though in the east part of China, the ground equipments are still not 
enough. Therefore, The ADS implementation is extremely urgent, so that to ensure aircraft flight 
safety. 
 
 

ADS SYSTEM INTEGRATION 
 

ADS system is a complex information system. It consists of message source, message channel and 
message processing system. 
 
The message source may be on-board Inertial Navigation System (INS) or Global Positioning 
System (GPS). The message channel may be very high frequency (VHF) datalink, Modes S datalink 
or satellite datalink. The message processing system is a computer processor (PC computer or 
workstation).  
 
The ADS system integration has been completed in China. The system consists of  
 

1) Aircraft with INS, GPS, AES and ACARS; 
2) VHF data link and satellite data link; 
3) Ground Earth Station(GES), Remote Ground Station(RGS), SITA network and GPSTN 

network; 
4) PC computer Data processing and Display system. 

 
Fig 1. shows the ADS system integration scheme. 
 
 
 
 
 
 
 



 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.1 ADS system integration 
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THE ADS MESSAGE PROCESSING SYSTEM 
 
The aircraft flight information through the satellite datalink enters the SITA network, then via the 
MODEM and the interface goes to the processing computer (processor). 
 

a) module construction 
The Computer Processing System adopts the module construction. The advantages of this 
construction are as follows: The modules are independent each other; The interfaces between 
modules are simple and clear; It is easy to improve and extend; It also has the good 
compatibility. 
According to the ADS system function, the system can be divided into 7 modules: 
 

1) deposition and initialization module 
2) map background module 
3) user interface module 
4) text management module 
5) object message processing module 
6) help module 
7) Kernel module 

 
b) Display Window 
The primary function of the ADS message processing system is to provide the user with a 
pictorial representation of aircraft position information supplied via satellite datalink and the 
SITA ground based communications network. In addition, the user has the ability to compile 
and transmit messages via the SITA network to any other SITA addresses. To this end the 
system will provide the user with three distinct display areas: 
 

      1) Situation Display: This display area provides the user with a pseudo radar picture of 
aircraft current within the system at a user definable scale and center. 

2) Parameter Display: This display area provides the user with textual data  
associated with the aircraft current within the system. 
3) Text Display: This display area provides the user with an interface to textual 
messages within the system, either those received from external sources via the SITA 
network or those being compiled by the user for onward transmission. 

 
 

FLIGHT PATH PROCESSING ALGORITHM 
 
1.Singer Model 
 
During the period of signal propagation, various noises and errors are brought about by observing 



equipments, the Kalman Filtering is used to improve the precision in flight path calculation, also 
when the dynamic model is uncertain. 
 
Suppose (X, Y, Z) is Cartesian coordinate values in accordance with aircraft’s position(longitude, 

latitude and altitude). The system state vector is X(  X&  X&&  Y  Y&  Y&&  Z  Z&  TZ )&& . 

 
The noise of maneuvering is embodied in the disturbance of acceleration. One dimension 

acceleration correlated function is ( ) ( ) ( )[ ] τασττ −=+= etataER aa
2  . 

 

When 2
aσ  is the aircraft location acceleration variance, a  is the maneuvering acceleration, α  is 

the reciprocal of the maneuvering time constant. 
 

The extended state equation of continuous moving aircraft is ( ) ( )tBwtAXX +=& , ( )tw  is a white 

noise with a variance of 22 aασ . 

 
Using Wiener-Kolmogorov whitening process, the maneuvering acceleration can be represented by 

( ) ( ) ( )twtata +−= α&  ,then the maneuvering aircraft’s model is becoming 
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 , this is a linear acceleration movement. 

 

When ∞→α , then ( ) 0=ta , this is a uniform rectilinear movement. This is a global stochastic 

model. It has extensive adaptability with various maneuvers. 
 
2. “Present” Stochastic Model 
 
In this situation, the acceleration has the following relationship: 

      ( ) ( ) ( )tatatX +=&& , ( ) ( ) ( )twtata +−= α&  



where ( )ta  is a “present” mean value of maneuver acceleration, ( )tw  is a white noise with 

zero-mean and a variance of 22 2 aw ασσ = . Maneuver aircraft’s “present” stochastic model is 
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3. Adaptive Filtering Algorithms 
 
      a) Adaptive filtering algorithm of acceleration mean. 

For above state equation, the discrete state equation is 

( ) ( ) ( ) ( ) ( )kWakUkXkkkX +++Φ=+ ,11  where ( ) ( )kXkX [=  ( )kX&  ( )kX&& ] T  
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We consider ( ) ( )1ˆ −= kkXka && . It means, when we estimate the aircraft’s state, we can get the 
maneuver acceleration mean simultaneously. Therefore we can correct the acceleration in time. 
 

b) Adaptive filtering algorithm of noise variance. 
The standard kalman filtering equation becomes 

( ) ( ) ( ) ( ) ( ) ( )[ ]1ˆ1ˆˆ −−+−= kkXkHkYkKkkXkkX  

( ) ( ) ( ) ( ) ( )kakUkkXkkkkX +−−−Φ=− 11ˆ1,1ˆ  

( ) ( ) ( ) ( ) ( ) ( ) ( )[ ] 111 −
+−−= kRkHkkPkHkHkkPkK TT  

( ) ( ) ( ) ( ) ( )11,111,1 −+−Φ−−−Φ=− kQkkkkPkkkkP T  

( ) ( ) ( )[ ] ( )1−−= kkPkHkKIkkP  

Substitute ( ) ( )kkXka 1ˆ += &&  into above second equation, we get  



( ) ( ) ( )kkXTkkX ˆ11ˆ Φ=+ , where ( )
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Using the following relationship: ( )( )2max
2

4
22 ˆ22 AkkXaw −== −παασσ , where maxA  is the 

maximum maneuver acceleration, we can get the adaptive filtering algorithm of noise 
variance. 

 
4. U-D factorization algorithm 
 
Computer round-off errors may lead the covariance matrix P to become non-positive definite or 
non-symmetry in realizing the algorithms mentioned above. It causes the filtering gain and 
estimation to depart from the theoretical values more and more, even causes the filter to diverge. In 
order to overcome this problem, we adopted the U-D factorization algorithm. Here the covariance 
matrix P can be decomposed into the upper triangular matrix U times the diagonal matrix D: 

( ) ( ) ( ) ( )kkUkkDkkUkkP T 1111 +++=+  

( ) ( ) ( ) ( )kkUkkDkkUkkP T=  

Therefore, we can get the “present” stochastic model (Kalman Filter) based on U-D factorization 
algorithm. 
 
 

THE ADS SYSTEM REAL TIME OPERATION 
 
The ADS system currently supports the ADS messages received from the AIR China(CA), China Eastern 
Airlines(MU), China Southern Airlines (CZ), Cathay Pacific(CX), Quatntas(QF), Scandinavia(SK), Lawda(NG) 
and so on. In order to verify the feasibility of the ADS system, we carry out a lot of trials with the 
system. The trial results showed that this system is successful. The display window provides clear 
aircraft position, important parameters and necessary text. The trial results were showed in Fig.2, 
Fig.3 and Fig.4. 
 
The important parameters showed in parameter area include: 
 

Airline code 
Aircraft flight number 
Flight altitude 
Time 
Longitude 



Latitude 
 
These parameters are just the necessary aircraft identification messages and four dimensional 
position messages. 
 
 

 
Fig.2 Position display 

 
 

 
Fig.3 Position and Parameter display 

 
 
 
 



 

 
 

Fig.4 Position, Parameter and Text display 
 
 

CONCLUSION 
 

ADS system is a very important subsystem in the Future Air Navigation System (FANS). Research 
work showed that the implementation of ADS system will bring tremendous economical and social 
efficiency. ADS based Air Traffic Control (ATC) system will provide increased safety through 
improvements in surveillance and communication capabilities. The improved surveillance capability 
enables the ATC facility to identify potential deviations from the cleared flight path profile caused 
by way-point insertion errors. Furthermore, the ATC facility will be able to continually monitor the 
flight progresses to ensure conformance with a cleared flight plan. The ADS system will enable 
controllers to provide more efficient flight path and hence lower costs to the airlines. 
 
In addition, it should be possible at some future time to reduce oceanic separation minima, thereby 
further increasing airspace capacity. 
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ABSTRACT 
 

According to the advantages of chaotic analog sequences and chaotic binary sequences, this paper 
proposes a method generating chaotic binary spread-spectrum sequence by multilevel quantifying. 
This paper proved that even correlation and odd correlation between such sequences of length N are 
all Gaussian distributed with mean 0 and variance N, the even of mean-square cross-correlation is N, 
and the variance of mean-square cross-correlation is 2N. The method can increase the number of 
chaotic sequences, made the spread-spectrum system more secure. The theoretical analyses and the 
results of simulation show that the performance of such sequence general is as same as traditional 
spread-spectrum sequence, its number is very large, and can be used in CDMA in future. 
 

KEY WORDS 
 
Chaos, Spread-spectrum sequences, Correlation. 
 
 

INTRODUCTION 
 
In recent years, there has been growing interest in the chaotic behavior in non-linear dynamic 
systems, researchers are looking for its possible application in communication. In some systems, the 
synchronization properties of chaotic systems have been used in secure communication. Other 
researchers present the use of chaos for spread-spectrum communication[1][2][4][6][8].  
 

There are two kinds of chaotic sequences used in direct-sequence spread-spectrum communication: 
real sequence and binary sequence[2]. Because real sequence is not compatible to most existing 
communication systems, most recent research concentrates on binary chaotic sequence. To generate 
binary chaotic sequence, firstly starting with an initial condition x0, repeated applications of the 

Logistic map or Chebyshev map give rise to the real sequence { }L2,1,0: =kx k , then the 

sequence { }L2,1,0:)sgn( == kxc kk  is the binary chaotic spread-spectrum sequence[1][2][4][6]. The 

sequence has good correlation properties, and their number is large, suitable to be used in CDMA 



system. But most research result didn’t concern that most chaotic systems are realized in finite 
precise, thus the sequences generated by chaotic map must be finitely periodic, and therefore the 
number of spread spectrum sequences generated by chaotic map would decrease[6].  
 
States of the chaotic real sequences generated by computer iteration amount to the dozenths power 
of 2, but normal method generating chaotic binary sequence by binary quantifying chaotic real 
sequence lost most information. Different from above method, this paper presents a method 
generating chaotic binary sequences by multilevel quantifying, this method can increase the number 
of chaotic spread-spectrum sequences, improve the security of communication system, and the 
performance of this kind of sequence is same as that of sequence in reference[1][2][4]. According to 
the conclusion in reference[7], the performance of CDMA communication system is closely related 
to the mean-square cross-correlation value of the spread-spectrum sequence, the peak 
cross-correlation merely indicates the worst instance. Now some research give simulation of 
mean-square cross-correlation of chaotic sequences[7], but this is insufficient, this paper presents the 
analysis of mean-square cross-correlation between chaotic spread-spectrum sequences.  
 
 

THE METHOD GENERATING CHAOTICSEQUENCE BY MULTILEVEL 
QUANTIFYING 

 

Principle of the method is as follow: 

 

Figure.1 Principle of generating chaotic sequence by multilevel quantifying 

With the initial value x0, the generator of chaotic sequences generate chaotic real sequence {x(mi): 
i=1, 2,…} by iterating Logistic map at interval m, where x�(0, 1). The chaotic map can also be 
Chebyshev map, then convert {x(mi)} from (-1, 1) to (0, 1) through linear transform. 
Transform x(mi) to binary 

L)()()(.0)( 210 ibibibmix =                                 (1) 

Quantify x(mi) evenly in 2r level (m≥r≥1), the quantifying result is 
)()()()( 110 ibibibmix rT −= L                                 (2) 

where }1,0{)( ∈ibl � }1,1,0{ −∈ rl L  and 
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Link xT(mi),(i=0,1…)together to the sequence { } 1
0
−
=

N
nnb  

{ }12,1,0),(: −=+== Nlrinibbb lnn L                      (4) 



Replace 0 to –1 in { } 1
0
−
=

N
nnb , that is 

{ }12,1,0),5.0sgn(: −=−= Nnbcc nnn L                     (5) 
{ } 1

0
−
=

N
nnc  is the chaotic binary spread-spectrum sequence generate by multilevel quantifying. 

Generating sequence {x(mi): i =0, 1, 2…} by iteration at interval m can ensure the sensitive 

dependence of chaotic sequence { } 1
0
−
=

N
nnc  on their initial conditions x0, and rm ≥ . 

 
PERFORMANCE ANALYSIS OF THE SEQUENCE GENERATED BY  

MULTILEVEL QUANTIFYING 
 

The performance of the asynchronous DS/CDMA system depends on the even correlation function 

)()()( NCCR uvuvuv −+= τττ                         (6) 
and odd correlation function 

)()()( NCC uvuvuv −−= τττθ                         (7) 

)(τuvC  is part correlation function, define as  
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where {un}�{vn}�{-1�1} are binary sequences of length N. Taking the peak of even correlation as 
criteria, some researcher has generated the optimal sequence families, which reach the Welch lower 
bound, such as Kasmi sequence (small set), Bent sequence. On odd correlation, which is as 
important as even correlation, little research had accomplished, and it is hard to generate sequences 
with good even correlation property and good odd correlation property. 
 

Lemma: The sequence { } 1
0
−
=

N
nnc  generated by Equ.5 is variable which is independent and distributed 

uniformly. 
 

Proof: The Lyapunov exponent of Logistic map and Chebyshev map is In2, if binary value xT(mi) is 
r bits and certain, this correspond that real value x(mi) has r bits certain information. After m(m≥r) 
time Logistic maps, x(m(i+1)) will lost all certain information, so xT(m(i+1)) and xT (mi) are 
independent. Quantifying x(mi) evenly in 2 r level is equal to iterating Saw-Tooth Map r time with 

initial value x(mi) to generate real sequences ))(),(),(( 110 ixixix r−′′′ L of length r and quantifying this 

sequence to binary sequence, that is )1))((sgn(5.0)( +′= ixib ll in Equ.2, where 1,1,0 −= rl L . Saw 



Tooth Map is chaotic map whose Lyapunov exponent is ln2. 
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Because the probability density of orbit distribution of Saw Tooth Map is 1)( =xρ , and xT(m(i+1)), 

xT(mi) are independent,  whether bn  is 1 or 0, the probability of bn+1 =0 or bn+1=1 are 0.5. So 

whatever cn is, the probability of cn+1 = -1 or cn+1 =1 are 0.5. Regard { } 1
0
−
=

N
nnc  as Markov chain, 

each element of its one pace shift matrix is 0.5, and its k paces shift matrix is )0( ≠= kk PP , 

according the Markov property of sequence, { } 1
0
−
=

N
nnc  is independent and distributed uniformly. 

 

Theorem1: { } 1
0
−
=

N
nnu , { } 1

0
−
=

N
nnv  are binary chaotic sequences generated by Equ.5 with large length N, 

the even cross-correlation, odd auto-correlation, even auto-correlation sidelobe and odd 

auto-correlation sidelobe between { } 1
0
−
=

N
nnu  and { } 1

0
−
=

N
nnv are Gauss distributed, with mean 0 and 

variance N. 
 

Proof: { } 1
0
−
=

N
nnc  is independent and distributed uniformly, so { } 1

0
−
=

N
nnu  and { } 1

0
−
=

N
nnv  are independent 

and distributed uniformly. Because of the sensitive dependence on initial condition, The sequences 

{ } 1
0
−
=

N
nnu  and { } 1

0
−
=

N
nnv  are independent each other. From Equ.6, Equ.7, it can be seen that the even 

correlation and odd correlation have same distribution. So only search even correlation is sufficient. 
The even correlation is as followed: 
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n
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When { } { } 1
0

1
0

−
=

−
= ≠ N

nn
N
nn vu , τ+nnvu  is independent and distributed uniformly to all n, the rule of distribution 

is 5.0)1()1( ==− PP , with mean 0 and variance 1. On the basis of center limit theorem, when N is 

large, Equ.10 is Gauss distributed with mean 0 and variance N. As { } 1
0
−
=

N
nnu ={ } 1

0
−
=

N
nnv , Equ.10 is 

autocorrelation, if 0≠τ , the analysis of autocorrelation is as same as that of cross-correlation, so 
auto-correlation sidelobe is Gauss distributed with mean 0 and variance N. 

 
In a DS/CDMA system (BPSK) of K user, the input signal-to-noise ratio of ith user is[7] 
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It shows that SNR of an asynchronous DS/CDMA system is close related to the mean-square 
cross-correlation value between sequence. There are analysis of mean-square cross-correlation in the 
following paragraph. 
  
The even of mean-square cross-correlation between sequence in Equ.5 is  
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The variance of mean-square cross-correlation between sequence in Equ.5 is 
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From above analysis, it can be seen that the performance of chaotic sequences generated by 
multilevel quantifying is as same as that of chaotic sequences presented in reference[1][2][4][6]. In 
fact, the method generating chaotic sequence in reference[1][2][4][6] is an example of the method 
presented in this paper when 1== mr . Because r, m is variable, the number of sequences 
generated by the method in this paper is larger than the number of sequences generated by the 
method in reference[1][2][4][6]. 

 
SIMULATION RESULT 

The results of computer simulation coincide with the theoretic analysis. Figure.2 and Figure.3 
are simulation results of even cross-correlation and odd cross-correlation of sequences generated by 
the method in this paper, where 4096=N , 50== mr , the chaotic map is logistic map, and the 
initial value is 0.001 and 0.0011. 

            
              even cross-correlation                                        odd cross-correlation 

Figure.2 Distribution of even cross correlation            Figure.3  Distribution of odd cross-correlation 

simulation result 
theoretic result

simulation result
theoretic result



Table.1 give the performance comparison of the sequence generated by multilevel quantifying 
and other spread sequence. ‘sequences in this paper’ is the sequence generated by multilevel 
qualifying and chaotic map is Logistic map. ‘sequence in reference[1][2]’ is the chaotic sequence 
presented in reference[1][2]. From the data in table.1, it can be seen performance of chaotic 
sequences generated by multilevel quantifying general is as same as that of other spread spectrum 
sequences. 

Table 1 Performance comparison of the sequences 

 

sequence 
 

)(max τuvR
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)(max τθuv  ∑
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0
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sequences in this paper  
 r=m=40 
 r=m=20 
 r=m=10 
 r=m=4 

 
 228 
 222 
 219 
 239 

 
 3942 
 3925 
 4026 
 4103 

 
  229 
  217 
  231 
  213 

 
 4093 
 4110 
 3976 
 4060 

sequences in reference[1][2]  218  3979   224   4003 

m sequence  255  4078   225   4151 

Bent sequence      65  4026    215   3956 

 

CONCLUSION 

This paper presents a method generating chaotic sequences in detail, and prove that the even 
correlation and odd correlation between such sequences of length N are all Gaussian distributed, 
with mean 0 and variance N, the even of mean-square cross-correlation is N, and the variance of 
mean-square cross-correlation is 2N. The method can increase the number of chaotic sequences, 
made the spread spectrum more secure. The performance of such sequence general is as same as 
traditional spread-spectrum sequence, so the sequences can be used in CDMA system in the future.  
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ABSTRACT 
There are many network standards in the commercial market today.  The layered concept works 
so well, a developer can implement exactly the capability they desire through careful selection of 
standards and protocols.  This brings up an interesting question of where we draw the line 
between standardizing on a single implementation and allowing the flexibility of all there is to 
offer?  There are valid arguments for both sides.  The telemetry community cannot afford to let 
this question fall through the cracks.  We have the chance to identify what we need to do and 
how we should do it for both the specific application and the overall system. 
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INTRODUCTION 
Networks have become the buzzword of late within T&E.  This is not to say that they are the 
answer to everything.  As the community becomes more knowledgeable of the capabilities 
networks have to offer, there are more situations where networks are being discussed as the 
solution to operating ‘better, faster, cheaper’.  In an effort to sort out the effect networks will 
(and are) having on T&E, the Telemetering Standards Coordination Committee (TSCC) is 
looking at the impact networks are having in each of the sub-committee areas.  For the Networks 
and Protocols Sub-committee, there is no impact to speak of since networks are both the driver 
and the result.  Instead, this paper will focus on the unique position we find ourselves in, given 
acquisition reform’s focus of using commercial standards and products coupled with the network 
groundswell.  What we choose to do now and how we choose to do it, will impact the 
community for the next 20 years. 

WHY USE NETWORKS 
Talk to people at a trade show like the International Telemetering Conference (ITC) and you will 
get a host of opinions about the benefit (or lack thereof) networks will bring to the T&E 
community.  To borrow a phrase from Alan Greenspan, there are those with “irrational 
exuberance” that think networks are the answer to everything.  On the flipside you will find 
those that fear the change networks require and see networks as full of problems that will only 
complicate that which is currently working fine.  The truth is somewhere in between.  The first 
thing that must be realized is that networks are coming – period.  Look at how the Internet has 
invaded practically every aspect of our daily lives.  Consumers want to be connected to the 
Internet while vendors are racing to put everything imaginable online.  In the home, the living 
room focus used to be the TV and VCR.  For the enthusiast, it also meant a separate high-end 
audio system to provide surround sound ambiance to the TV show or movie.  Now that cable and 
satellite are delivering digital programming, the once definitive lines between audio/video and 
computers are being blurred.  Televisions can have Internet connectivity and recording your 
favorite show is being done on hard drives.  The entertainment industry is realizing that once the 
audio and video is digitized, data is data.  This allows the integration of audio, video, and the 
Internet as an almost trivial task and opens the door for many technology concepts the user may 
not have even thought of.   
 
The instrumentation community is realizing the same thing.  Current systems use multiple bus 
technologies for programming the data nodes, commanding and receiving data, sending data to 
the transmitter, and sending data to the recorder as shown in Figure 1.  If all the data is digital, 
there is no reason the various data paths cannot be combined into a single network, simplifying 
the connectivity throughout the system as shown in Figure 2.  Once the data is in a network 
format, it can be sent across the test range or across the country on one of the many networks 
available depending on the distance and nature of the data analysis.   



 

 
Figure 1 Traditional Instrumentation System Data Paths 

 

 
Figure 2 Network Instrumentation System Using A Common Data Path 

 
One of the major benefits in adopting networks is the cost leveraging gained from commercial 
systems.  Considering similar capabilities, a CAIS bus PC card operating at 10 Mbps costs 
around $2000 while a 10 Mbps Ethernet card (which will also operate at 100 Mbps) costs around 
$20.  The simple reason for this price difference is production rate.  There have been millions of 
Ethernet cards sold as opposed to hundreds of CAIS bus cards.  Another major benefit in riding 
the network wave is the increased technology available.  With the network community so large, 
companies are pushing design teams to come up with products that take advantage of LAN or 



 
Internet capabilities.  This pushes the network manufacturers to design products to increase the 
network capabilities.  The end result is a constant influx of new technologies and capabilities.  A 
good example of increased technology across a large user base is the PC industry.  Consider 
price versus capabilities of computers today vice a year or two ago. 
 
If T&E requirements were static, perhaps the above benefits wouldn’t be as compelling.  There 
are a lot of forces acting against each other.  Test articles are increasingly more complex.  
Complex systems require more data for analysis.  More data can mean both more data per flight 
and more flights.  With funding getting tighter, the emphasis has been on more data per flight 
with fewer flights supplemented by modeling and simulation.  In order to model a complex 
system, even more data is required to predict how it will behave rather than just identify how it 
did behave.  All of this data requires greater data system capability including larger recorders and 
higher bandwidth telemetry links.  We are already using our entire T&E RF spectrum for current 
testing.  The market forces that were helpful in lowering costs and providing new technologies 
want more RF spectrum themselves for wireless Internet, cell phones, and digital audio 
broadcasts.  Now we really need the technology to operate smarter.  We need to increase the 
amount of information being sent through smaller RF links than we had a few years ago.  We 
also need to increase the recording densities for both raw data recording on-board the vehicle as 
well as for archival purposes on the ground.  The networking arena is uniquely poised to provide 
the products and tools we require to go forward. 
 
There are issues surrounding network use in T&E that have to be addressed and solved before 
networks will do what we require.  The biggest challenge on the horizon is the need to time 
correlate data accurately across the network.  Traditional data systems have been synchronous 
where all the nodes in the system were tied back to a common clock.  The systems were 
deterministic so that relative timing between data or events was calculable.  Most network 
systems being considered for T&E are a lot faster than our traditional systems.  At gigabit 
speeds, the propagation delays through the cable are significant.  Due to the nature of 
asynchronous packet based systems they are non-deterministic as well.  Without being able to 
time correlate the data, the data becomes next to useless.   
 
Given the need for more data from the test vehicle and bumping against available RF resources, 
the use of networks could exacerbate the problem.  Networks use a layered model with protocols 
at each level that handle specific communication functions.  In order to isolate the layers, each 
protocol takes the data passed to it and adds its own specific overhead.  If not managed, the 
additional overhead from all the layers could easily double the bandwidth needed.  Judicious 
choices of what data is sent (e.g. event driven data, dynamic data sets, and preprocessed data), 
how much data is sent at a given time (packet size), and which protocols are used should not 
only alleviate the major concerns, but actually allow more information to be sent to the Test 
Engineer. 
 
 
 
 
 
 



 
STANDARDS ARE A GOOD THING … RIGHT? 

One thing the DoD has learned is that we can no longer afford to develop, use, and maintain 
special purpose or proprietary products.  We have been taught that the Acquisition Reform 
mantra is COTS (commercial-off-the-shelf).  As long as it is a COTS product it is cheaper to 
buy, maintain, and replace … right?  We have also been taught to respect standards.  As long as 
it is based on a standard it is cheaper to buy, maintain, and replace … right?  The answer to both 
of these questions is … Not necessarily. 
 
Standards are only part of the picture.  Most products could be considered standards-based.  It is 
just that the standards they are based on may only be a standard within that organization.  These 
are proprietary standards.  There is nothing wrong with proprietary standards for certain 
applications.  They allow a company to design exactly what is needed.  Products built to the 
standard are consistent with previous and future products.  The company can control the baseline 
of the standard based on a specific application.  For small quantities and internal interfaces, this 
may be a viable and preferable solution.  The specific standards used inside a printer may not be 
of interest to the consumer.  However, the manufacturer’s prudent use of internal standards may 
allow them to build a quality product consistently or cheaply.  A proprietary standard for sending 
data to the printer would not be acceptable since that limits our ability to move the printer 
between computers.  A distinction emerges that says when we talk about standards, we are 
usually discussing the external interfaces accessible to the consumer.  This is an important point, 
because as consumers we want systems to be interoperable, but we also want choices between 
systems or components to meet our needs.  Indiscriminately requiring specific standards will 
produce systems that look and perform similarly with little variation. 
 
In order to get more products to choose from to meet a specific need or to lower the cost of a few 
products (either through a larger user base or competition) an open standard is desired.  Buying 
a product that is built to an open standard allows the possibility of other vendors building to it 
due to the standard being available to interested parties.  It does not imply a shared ownership of 
the standard.  The owner of the standard decides what to change and when to change it.  The lack 
of representation in the maintenance of the standard may cause vendors to shy away from 
someone else’s open standard.  Most operating systems (OS) are an example of an open 
standard.  A company may own the standard, but will sell development kits for other vendors to 
develop products.  By maintaining the OS standard, the owner has inside knowledge of the 
direction the standard will take and can design their products accordingly.  When the OS 
standard does change, they can tweak their product rather than trying to design from scratch.  
This results in a faster time to market, which may translate directly to market share for the 
owner. 
 
The solution to the ownership problem in open standards is the commercial based standards.  
These standards are owned, maintained, and in many cases developed by a group with similar 
interests.  Since these groups are open to anyone that wants to participate, strict rules are adopted 
for changing or updating the standards.  There are rules for getting items on the meeting agenda, 
identifying work tasks, and voting on the final document.  These rules and formal bylaws are 
necessary to keep individual companies from gaining an unfair advantage.  The ability to attend 
meetings and participate in the business at hand may require membership in the group, 
membership fees, etc.  Examples of commercial based standards groups include the American 



 
National Standards Institute (ANSI), the Institute of Electrical and Electronic Engineers (IEEE), 
and the International Standards Organization (ISO).   
 
As can be seen by the various types of standards, merely adhering to a standard may not bring all 
the advantages a user may need.  Even buying a product that adheres to a commercial based 
standard may not provide the level of product security intended.  Standards – especially in the 
technology arena – have life cycles.  When deciding on a standard, it is important to choose a 
standard that is mature so that the standard has an identified following willing to support it.  It is 
also important not to choose one that has run its useful life and is about to be eclipsed by some 
new upstart.  Unfortunately, its not easy to judge where in the life cycle a standard is, but a 
reasonable guess can be made by looking at who the big name members are and whether they are 
maintaining their historical product release rates for that technology. 

HOW MANY STANDARDS DO WE NEED? 
Before we can decide how many standards we need in any given area, we need to decide why we 
need standards to begin with?  Its been said the best thing about standards is there are so many to 
choose from.  Depending on where you stand, this may cause you happiness or concern.  From 
the developer’s perspective, standards represent a lot of thought, discussion, and opinion as to 
how something should work.  The availability of many vastly different and slightly different 
standards means the developer can choose a standard that someone has worked the bugs out of 
and spend more time on the unique portions of their project.  With so many standards to choose 
from, they won’t have to compromise their desired capabilities. 
 
Why should a user care about standards?  I don’t believe they do – at least not in the puristic 
sense.  Users care about cost and convenience.  Does the user care if there is a soda can 
standard?  If a soda can standard enabled sodas in the standard can to cost less they would – i.e. 
COST.  But if the standard soda cans didn’t fit in the cooler they take to the ball game, they 
might not – i.e. CONVENIENCE.  To put it in terms of T&E, if money were plentiful, would the 
user care if two systems were interoperable?  If a new capability were needed they would just 
buy a new system.  If a new system took 12 months to integrate, the convenience of upgrading 
the old system now may win out.  The important thing to understand with this simplistic view is 
that cost is fairly straightforward and will be evaluated similarly by different users.  Convenience 
on the other hand is highly dependent on the organization and all the dynamics within.  What is 
convenient to one does not translate consistently to others. 
 
In today’s fiscal environment, it’s safe to assume that everyone is concerned about cost.  The use 
of a single standard will help decrease cost by enabling vendor interoperability, second sourcing 
hardware, competition, etc.  However, getting everyone to agree on one standard is difficult at 
best.  Some may not get their needs met while others must pay for capabilities they don’t need.  
Those not getting their needs met are inconvenienced since they can’t go after the business they 
want or they must find some other way to meet their need.  Those paying for capabilities they 
don’t need are not getting the price break they were looking for.  By adding a second standard, 
convenience goes up, but the cost benefit gets watered down.  Adding additional standards 
allows users to get more of their exact needs met by decreasing the effectiveness of choosing 
standards to begin with.  Eventually, a point of diminishing returns will be identified.  The idea is 
to find the balance between flexibility and affordability. 



 
NETWORK MODELS AND ARCHITECTURES 

Most modern communication systems are based on the Open Systems Interconnect (OSI) 7-
Layer Model as shown in Figure 3.  In practice, 7 interface layers can be a lot to manage.  When 
deciding which standards to implement and the level of interoperability required, the layers can 
be joined or split to create a model for specific situations.  For example, the Internet community 
has combined the bottom two layers and the top three layers to create a four-layer model.  Once 
the model is defined for an application, the model can be populated with an appropriate number 
of standards in each layer.  Identifying the network architecture this way is an important step in 
planning out a network interoperability approach.  It is a concise way to describe the network to 
those looking to design, build, or 
implement network products. 
 
We in the T&E Community are 
rapidly reaching the point where a 
model and architecture are needed.  
There are many programs and 
projects being worked throughout 
the community that are employing 
networks to some degree.  Without 
actively pursuing a model and 
architecture that meets our needs, 
whether its interoperability with the 
Internet or capabilities specific to 
T&E, we will end up requiring a 
variety of bridges, routers, or 
gateways to achieve system 
interoperability. 

WHAT WE ARE DOING NOW 
Acquisition Reform did more than just get everyone to speak COTS.  It has done more than get 
rid of many of the Military Standards that most acquisitions cited through force of habit.  
Acquisition Reform has changed the way the government approaches their developments.  
Rather than just state our requirements and have Vendors engineer a solution regardless of cost, 
we now state our requirements and partner with industry to find an effective solution.  Since very 
few stated requirements are really the minimum capability required to perform the task, this may 
mean we trade our ‘requirement’ for cost or timeliness of delivery.  By the same token, it could 
also mean we get more than we ‘required’ since the technology is already there.  It is this 
partnering approach that many of the network projects within T&E are using.  The 
telecommunication and Internet communities have working effectively with network technology 
for years.  It would be ridiculous for the T&E community to waltz in and decide to independently 
develop a way to move data between sites.  
 
The Office of the Secretary of Defense (OSD) has sponsored several network related programs 
through the Central Test & Evaluation Investment Program (CTEIP).  Among these is the Joint 
Data Acquisition Network Standards (JDANS) program that is tasked with identifying network 
interoperability interfaces for data systems on-board test vehicles.  One element of the JDANS 

Figure 2, OSI and Internet Models 



 
task is to begin the definition of a T&E model and architecture.  Organizations like the Range 
Commanders Council (RCC) and the Telemetering Standards Coordination Committee (TSCC) 
are trying to motivate the T&E community (government, instrumentation vendors, prime 
contractors, and academia) to become more network aware.  As network issues and decisions 
come up, we need to be able to understand and discuss them as a community. 

CONCLUSION 
Since the days of acquisition reform, the term Commercial-Off-the-Shelf (COTS) has been 
overused.  People talk of using COTS products or standards based products as if that is enough.  
It is but one step.  We need COTS products based on viable commercial standards.  Although 
this sounds good, even that is not enough.  We need commercial based COTS products built 
around a core set of standards (standard set of standards).  The questions that remain are what 
types of standards and how many of each type do we need.  The first question can be answered 
by identifying a network model that shows where the common interfaces must be.  To answer the 
second question of how to populate the model to provide a network architecture depends on the 
requirements within the community and the actual standards that are available. 
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ABSTRACT 
 

The advent of COTS based network-centric data systems brings a whole new vocabulary into the realm 
of instrumentation. The Communications and computer industries have developed networks to a high 
level and they continue to evolve. One of the basic techniques that has proven itself useful with this 
technology is the use of a “layered architecture.” This paper is an attempt to discuss the basic ideas 
behind this concept and to give some understanding of the vocabulary that has grown up with it. 
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GENERAL BACKGROUND 
 
Protocol layering is a common technique to simplify designs by dividing them into functional layers, 
each concerned primarily with one task. While the terminology derives from networking designs it can 
be broadly applied to general system designs dealing with data acquisition and delivery. Protocol 
layering should not be confused with so-called ‘top-down’ design techniques. Successive layers do not 
necessarily address more elemental or primitive concepts. Rather, each layer is designed to perform a 
well-defined function while interacting directly with only the layer immediately beneath it to provide 
facilities for use by the layer above it. This means that each layer is independent of the others and is 
therefore replaceable. Within each layer one or more entities may implement its functionality. For any 
given application only the layers required need be assembled, which holds the promise of reusability 
without imposing costs inherent with monolithic solutions that need to address all anticipated 
requirements.  
 
Taken together these protocol layers make up the “communications protocol stack.” There are several 
general things about layered protocol stacks that are often misunderstood by people not in the business 
of setting up communications systems between computers. One of the misconceptions is that there is a 
single “standard” protocol stack. We hear a lot about the ISO seven-layer model and it seems to be some 
kind of a standard, and it is, but the fact of the matter is that no one builds systems that use that model. 



Well if nobody uses it then why does everybody talk about it? It is not true that nobody “uses” it just 
that nobody builds systems that fully comply with it. It has become the model against which everything 
else is measured. You will find a communications protocol described in relationship to the layer or 
layers that it would represent if it really was an implementation of the ISO model. This is a useful 
function since it gives people a frame of reference and improves communications between people 
regarding what is in a given protocol layer. If someone says that this is a “layer three” protocol a person 
who understands this technology knows what to expect that protocol to do. It is very much like 
describing a device to an instrumentation engineer as a pressure transducer. There are still many things 
about it that are still unknown but he now knows what questions to ask to determine the exact nature of 
the device. 
 
Another thing that should to be noted is that this protocol stack is only concerned with communications 
and not any application. The application is generally thought of as existing “above” the communications 
protocol stack. This is true even if the protocol stack has an “application” layer. This is the layer that 
interfaces the communications protocol stack to the various applications. There will often be many 
applications running at the same time but only one communications protocol stack. The other thing that 
we will note at this point is that there may be several protocols running at the same layer of the protocol 
stack. Transmission Control Protocol (TCP) and User Datagram protocol (UDP) are a pair of prime 
examples of this. Both are layer four protocols, both may be present in the same protocol stack at the 
same time and one application may be using TCP while another is using UDP. We commonly talk about 
TCP/IP as if the two protocols were a matched set but it would be just as correct to talk about UDP/IP 
since Internet Protocol (IP) is a layer three protocol that both TCP and UDP often use. To try to diagram 
all of the protocols that may exist in a system at a given time is a bit like trying to describe a maze. This 
maze will have many ways through it and an application can use the ones that provide the exact 
functionality that is required at the time.  
 
For example a data acquisition system might want to use TCP to transport the setup information. This 
would guarantee that the set up file is received correctly but at the cost of the network bandwidth 
required to acknowledge each part of the setup file and to retransmit it if there was any question about it 
being correctly received. That same system might use UDP to transmit the data because it could not 
afford to pay the bandwidth penalty required by TCP and could afford occasional lost samples of data. 
 
The most common example of a protocol stack in use today is the Internet protocol stack. It is generally 
said to have four layers but if you try to identify all of the components that exist in the Internet protocol 
you will find dozens of protocols not just four. Many of them co-exist at each layer of the protocol stack. 
 
The following discussion is based on a four layer model that is the basis for the current Internet. It was 
developed in the 1970’s as a DARPA project that succeeded beyond its wildest dreams. The four layers 
(Figure 1) operate together as follows: 
 
The PROCESS LAYER implements user-level functions such as mail delivery, file transfers and 
remote login. Typical implementations are TELNET, FTP, and SMTP programs, provided by different 
vendors with different nuances, but interchangeable as far as the rest of the protocol stack is concerned. 
 
The HOST-TO-HOST LAYER handles connection establishment, flow control, retransmission of lost 
data. Typical program implementation here is TCP and UDP. 



 
The INTER-NET LAYER formats data for delivery across a number of different physical networks.  
The most widely used ‘data unit’ at this layer is the IP datagram, handled by the Internet Protocol (IP). 
This protocol also provides an address that is independent of any address used by a lower layer. This 
allows a datagram to be sent over many different media as it goes from its source to its destination 
without regard to the addressing used over the physical media. 
 
The NETWORK ACCESS LAYER is responsible for moving the data over hardware interconnect 
media. This could be Ethernet, ‘T’ carriers and Fiber Optic links. 
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Figure 1: Internet Protocol Layering Model 

 
Note that as far as each layer is concerned it is connected with its corresponding level at the other site 
without regard to HOW that connection came to be made by its underlying layer(s). If after some time of 



use it becomes necessary to implement a higher speed link, only the Network Access Layer would need 
to be changed for example. Note also that the standard interface allows connection between all types of 
computers that subscribe to the standards chosen. 
 
Another useful construct that falls out is the ability to interject a small subset of the model between the 
two sites shown above in order to take advantage of a different physical layer that may not be directly 
supported by the equipment at each site. For example, suppose that after initial laboratory testing of 
these two co-located computer based systems the transmission site needs to be moved several hundred 
miles away. The Ethernet link could be broken by a new function at each site that would convert from 
the Ethernet back to the IP protocol, and then re-encode the packets into a long haul T1 link. A 
corresponding function at the receive site converts the received ‘T1 bits’ back to ‘Ethernet bits’. 
 
Note also that as the capabilities of layers evolve over time a controlled, ‘graceful’ upgrade migration 
path is available without the need necessarily to upgrade all layers simultaneously. 

 
 

ONE MODEL OR MANY? 
 

There are several other protocol models.  
 

The Seven Layer OSI Model defines layers as: 
 

7. APPLICATION: Network services such as e-mail and file transfer 
6. PRESENTATION: Formatting, encryption, and compression of data 
5. SESSION: Setup and management of end-to-end connection 
4. TRANSPORT: End-to-end delivery of messages 
3. NETWORK: End-to-end delivery of datagrams over intervening networks 
2. DATA LINK: Transmission of packets on a given link 
1. PHYSICAL: Transmission of bits 

 
Networks of IBM computers utilized a System Network Architecture (SNA) protocol model: 

 
TS, Transaction Services 

 PS, Presentation Services 
 DFC, Data Flow Control 
 TC, Transmission Control 
 PC, Path Control 
 DLC, Data Link Control 
 PH, Physical Control 

 
Open Data Network (ODN) was proposed as a framework within which Telephone, Computer, and 
CATV networking can be studied. This was not proposed to be a standard like the OSI model, but rather 
a tool to collect and compare the technologies and services applicable to the markets to be addressed by 
each application. This approach may be a good parallel to our efforts within the range/DoD community. 
The point being there is no one best protocol model, but rather protocol layering has been a powerful 
tool to allow for connection between all types of equipment and networks from many vendors and 



service providers. It succeeds because it provides a set of standard procedures, data units, and exchange 
techniques that are not tied to specific instantiations. Beyond supporting interoperability at peer-to-peer 
levels, it provides the flexibility to adapt new techniques without complete systems re-design. Equally 
important is the ability to ‘layer the layers’ and provide for protocol conversions using subsets of 
protocol stacks. 
 
 

ISSUES IN RANGE SYSTEMS 
 
Perhaps we should start here with a bit of history. In the dim and distant past when the test ranges were 
set up, or even before, the problem of the testing engineers was to measure physical parameters on board 
a vehicle, transmit that data to a display system of some sort and to be able to reproduce these 
parameters for evaluation. In these early days this often consisted of manometer boards and movie 
cameras to record the readings. As the technology evolved, the photo recorder was replaced with 
systems that could record the data on magnetic tape and even transmit it to the ground so that it could be 
viewed in real time. These techniques improved with time and the analog recording and transmitting 
techniques were replaced with digital techniques but the problem remained the same. Measure physical 
parameters on the vehicle and pass that information to the display facility for processing and display. 
IRIG 106 PCM is a perfect example of the state of this art. However, with the advent of the computer 
onboard the vehicle, the problem changed. The computers sometimes transmit parameters between each 
other and sometimes they transmit messages. Believe it or not, a text string is not a parameter no matter 
how much we try to pretend it is and to fit it into our comfortable model. Today most data acquired on a 
vehicle comes from the computers not transducers that we put onboard. Video and audio systems are 
also important data types on the test ranges. They differ from parameterized data mainly in the data rates 
and the way that the data is processed. 
 
This means that we now have multiple fundamentally different types of data in our systems. We have 
the classic parameterized data and we have messages. These two types of data require different handling 
and thus different standards. First lets consider the parameterized data. In this case there will be many 
different sources of data but they all need to come together at the display facility and be processed in 
much the same fashion. We do not want to build display facilities that need a different process to display 
the data from each sensor. This implies that we need a standard way to put the parameterized data into 
the system so that we can process it using the same hardware and software in the display facility. For 
sensors that we put on the vehicle this should be rather straightforward. That is not to say that it will be 
easy to get agreement on all details but it should be possible. Parameterized data that comes from 
messages transmitted between computers pose a slightly different problem and there we need to decide 
whether to provide the processes in our display facilities to interpret this data or to try to move it onto 
the vehicle. However, the parameterized computer-to-computer information is normally in one of a few 
formats so it is probably practical to have different display processes for each different format on the 
display system rather than change formats on the vehicle. 
 
To handle this parameterized data there are some significant differences between the processing that is 
needed in our display systems and what is normally seen in computer-to-computer communications. 
Most computer-to-computer communications are concerned with passing the entire array of data from 
one place to another. With parameterized data it is normal to pass only a selected subset to the display 
(the recorder will probably want it all) and to be able to do this without the source knowing what subset 



is going to be required. In other words the source will broadcast the data and the receivers will each take 
just the parts that they want. Often the part that is desired does not include all of the data within a packet 
so it is not just a problem of receiving some packets and discarding others it needs to go deeper than that 
to accepting or rejecting individual parameters. COTS products will normally want to pass an entire 
packet. We may need a specialized protocol that is not commonly found in COTS products. This can be 
done in a central specialized facility or on each display station and economics will probably dictate the 
choice. 
 
As we have already noted there are messages passed between computers on the vehicle that do not 
contain parameterized data. There are text strings, error messages of various types and an endless string 
of other possibilities. The problem is how to deal with these messages. In most cases specialized logic 
exists in both the computer on the vehicle generating the message and in the computer intended to 
receive the message that is used to interpret these messages. There are two possible ways to approach 
this problem. We can try to interpret these messages on the vehicle and put them into some displayable 
format or we can relegate that problem to specialized software on the ground. This may very well mean 
that the test community tells its customers that it will acquire the relevant data, transmit in some form to 
the display facility but will simply pass it through to the customer for any further processing. The 
customer may bring a display processor into the display facility and process the data there, the 
customers software could be loaded on one of the display system computers or any of a number of other 
solutions but the display problem for this type of data should be in the customers hands. This means that 
we need a standard way to “package” the message so that we can pass it to our customer. Another way 
of describing this process is that we need to define a standard set of protocols to handle message traffic 
that can then be implemented in the data acquisition system and in the display and customers system to 
facilitate this traffic. These protocols would not know or care what was in the message but they could 
deliver it to the system that does. 
 
 

AN EXAMPLE 
 
The following table is an example of how a layered protocol stack for a network-centric data acquisition 
system might look.  
 
Top Layer Encryption protocol Compression Protocol 
Process Layer Parameterized 

data protocol 
Message data 
protocol 

Audio Protocol Video protocol 

Host-to-Host layer TCP UDP 
Internetwork Layer IP Address Resolution Protocol (ARP) 
Network Access Layer Fibre Channel 
 
Note that the column that a particular protocol is listed in does not indicate which higher layer protocols 
may use that protocol. The encryption protocol can use the audio protocol that can in turn use TCP. The 
Address Resolution Protocol (ARP) may not be used by any higher-level protocol since it is used to 
determine how to route a message from the source to the destination. 
 

 
 



FIRST, THE OPPORTUNITES THAT THIS PROVIDES 
 
One of the first things to note is that this is an opportunity to examine the way that we package data for 
transmission, recording and display. With the IRIG 106 type systems there was in general a single way 
to put data into a system. We could get creative but within limits. If we are to abandon these systems 
that means that it is time to examine the advantages and disadvantages that we had with the old PCM 
systems and to make sure that we retain as many of the advantages as possible while eliminating many 
of the disadvantages that we faced. We need to be very careful when moving to a new standard that we 
do not “throw the baby out with the bath water.” But we really do need to make a careful examination of 
the basic processes and capabilities to define a system that will stand us in as good a stead as PCM has 
for so many years. 
 
We need to recognize where fundamental differences exist in the data that we are trying to collect, 
record, transmit and process and to provide a set of standards that will allow each type of data to be 
handled in a cost effective manner. Where multiple data types exist we will need multiple ways to deal 
with that data within a common framework. One aspect of that common framework must be the Internet. 
It is too much a part of our systems to ignore without driving our costs up instead of down. We will need 
to think of things like telemetry transmitters and data recorder as ways to bridge or route the data across 
a different media. We will need to look at interfaces to avionics busses as gateways or bridges that take 
messages from the avionics bus and allow them to be routed across the data acquisition network. If we 
can accomplish the development of new standards where they are required and the adoption of existing 
standards where they will do the job we will be able to simplify the instrumentation, transmission, 
recording and display of data and that will result in more efficiently run test programs. There is a caveat 
here as well. If we try to “force fit” our task into existing standards just because they exist, we may be 
making the standards development process easier at the expense of day-to-day operations and that is 
false economy. 
 
 

WHAT RESOURCES EXIST TODAY? 
 

There are many technologies that can be used that have been developed by the communications and 
computer industries. For example the use of fiber optics for communications allows for almost unlimited 
bandwidth for data transmission both on the vehicle and on the ground. The weak point here is in the 
real-time transmission link and in the capabilities of the onboard data recorders. Neither of these 
elements in the system can match the transmission media. The recorders can provide adequate 
bandwidth; it is the capacity that provides the limits there. Fibre is not the only physical layer media that 
is available to use when we implement our systems. As long as we implement the systems using 
commercial standards and layered protocol techniques, the possibilities are almost endless. One of the 
beauties of this approach is that to use a different media does not mean redesigning the entire system just 
the parts that will profit by the change. 
 
Processing power is available and it is becoming available at any level in the system from the display 
system all the way down to the sensors. This has the potential to provide the capability to acquire 
“information” rather than just “data.” However, this needs to be done in a few standard ways; we cannot 
afford to address it piecemeal. The biggest problem with doing this is not our ability to accomplish it, 
but to accomplish it reliably. To do that requires a thorough understanding of each problem and a 



correctly implemented solution. It is like aliasing in our present systems. The data can “look” good but 
have artifacts in it that we cannot detect. 
 
 

WHAT IS UNIQUE IN RANGE APPLICATIONS? 
 
Much of the answer to this question has already been discussed in earlier parts of this paper and the 
author is not capable of coming up with an exhaustive list. However we can introduce some of the areas 
of differences between commercial applications and the range applications. 
 
Most data passed between computer systems today is not “time critical” in the sense that range data is 
time critical. If someone sends an MS word file the only time critical factor is the patience of the sender 
and receiver. With range data lives can be at stake as well as millions of dollars in a test vehicle. The 
ability to make a decision based on the data can be extremely critical. This makes the timely delivery of 
the data with a minimum of latency much more critical than it normally is in commercial applications. 
 
Since the latency in a packetized data system is a variable with only the maximum latency specified, this 
leads to another problem. That is that there is no longer a fixed relationship between when a sample is 
acquired and when it appears in the data stream. Even worse is that the data that appears on the network 
is not in time order. Effect may come before the cause! This will force the data to be time tagged with an 
accuracy and resolution that commercial protocols do not need. The necessity to be able to time tag the 
data further adds to the overhead that is associated with putting the data into packets. So a new protocol 
that is not in common use with computer systems will need to be used. 
 
Another difference is that the ranges are used to transmitting data as a continuous stream. When the data 
is packetized, its nature moves from being a continuous stream to a burst availability mode. This and the 
additional overhead required by the packets will further tax the bandwidth that is available at the test 
ranges. The lack of enough bandwidth to telemeter the data will require innovative solutions. Data 
compression and two-way communications with the vehicle to allow real-time control of what is 
transmitted are possibilities that will need to be evaluated. However, these are issues that can be handled 
in a layered protocol stack and implemented only when required. 
 
Some real thought about where in the system to tackle the various issues is needed. As smart sensors 
become available they will be able to implement some of the needed layered protocols. This will be 
especially true for high bandwidth signal sources such as audio and video. In other cases it will fall into 
the realm of intelligent data collectors or concentrators. For avionics bus data the bridge that takes the 
avionics data and places it on the data acquisition network will need to put the information in the 
protocol that is required by the data acquisition network. 
 
 

 
 
 
 



 
CONCLUSION 

 
Like the Open Data Network framework, it may be very useful to adapt a suite of techniques that can be 
applied to each of the practices encountered in Range Applications. A requirement must then be 
established that implementations operate within the adapted layer definitions and techniques. Thus, data 
acquisition subsystems only acquire, data distribution systems distribute and recorders only record. To 
support this, a new generation of bridges and routers can provide the required interconnectivity. 
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ABSTRACT 
 
Transducers have traditionally been incorporated into data systems by connecting the transducer to a 
signal conditioner that is then connected to a multiplexer with an Analog-to-Digital Converter 
(ADC). The signal conditioning, multiplexer and the ADC are usually included within the same 
assembly that is called a Data Acquisition Unit (DAU) or an encoder. A network centric data system 
allows the same architecture to be used if the interface to the encoder is changed to be a network 
interface. However, a network centric architecture allows other options as well. The signal 
conditioning and ADC can be included within the same package as the transducer and the assembly 
can be interfaced to the network. When this is combined with the processing capability now 
available, a whole new range of possibilities present themselves. The transducer can now be digitally 
processed to provide a linear output, it can be converted to Engineering Units, digitally filtered or 
have a host of other functions performed within the housing that contains the transducer. However, 
the network centric approach does not produce these advantages without some disadvantages. The 
major problem that needs to be solved is how we time stamp the data. With the encoder we could 
time stamp the PCM frame and be able to determine the time that a sample was taken from that 
information. Even in systems that convert the encoder to have a network interface, the time stamp 
needs to be affixed to the data in the encoder. With a network centric approach, the sample can be 
taken in the transducer and how to time stamp it becomes a real problem. This is a problem that must 
be considered at the system level. Some method of making time available at a low enough level in 
the system to allow transducer outputs to be time stamped is either a network issue or it requires a 
separate interface. 
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INTRODUCTION 
 
In the early days of IRIG-106 Chapter 4 PCM Data Acquisition a system was built around a 
multiplexer that was often referred to as an encoder. Functionally the encoder consisted of a set of 
signal conditioners that fed a single Analog to Digital Converter (ADC) through an analog 
multiplexer. The reason for doing this was that the ADC was the single most expensive device in the 



encoder. The encoder selected the output of a signal conditioner, digitized it and immediately fed it 
into the output data stream. The time of the sample could then be determined at some point 
downstream as long as you knew the delays between the sampling point and the receiver. Over the 
years there have been many improvements to this approach but little in the way of fundamental 
change. ADCs have become smaller and much cheaper so some systems have gone as far as putting 
an ADC on each input thus eliminating the multiplexer, often a programmable gain amplifier and 
other specific components. But that was just changes in the implementation not a fundamental 
change in the way the overall system worked. It allowed some real improvements. For example, with 
an ADC per measurement many samples could be taken at the same time and each sample  
transmitted when its turn came. But these changes are incremental improvements to the system. 
 
Network centric data acquisition using networked sensors has the potential to make basic changes to 
the way that the system works. With network-based sensors the idea of an ADC per measurement 
will become more pervasive. Some sensors will be built with a single ADC for a few measurements 
but it is getting to the point that an ADC per measurement is cheaper than the signal conditioning 
components that it replaces. However, this in itself is just an incremental improvement. One 
characteristic of a network is that data is transmitted in packets. The packets are usually made up of 
one or more samples of a measurement. This implies that there is often a delay between when the 
data is sampled and when it is transmitted. With this delay the ability to time stamp the data at the 
data receiver is now lost as well. This means that the time stamping of the data sample must be 
passed back up the network hierarchy to a point ahead of where the timing information was lost. So 
while network-based data systems offer real cost advantages they exchange an old and usually well-
understood set of problems for a new set of problems. How well we can identify what these 
problems will be and solve them by introducing a set of standards remains to be seen but this paper 
addresses what we think will be required. 
 
 

THE OLD SYSTEM WITH A NEW INTERFACE 
 
In the ultimate sense, the use of a network based data acquisition system will not have any impact on 
the transducer itself. The network will not change the method of sensing physical phenomena. 
However, after that is said, there is a great deal that could be changed if a network based data 
acquisition system is used. Figure 1 is a possible configuration. In this case, the Data Acquisition 
Unit (DAU) is modified to add a network interface. This network interface could be placed inside a 
DAU or added external to an existing unit if desired. Probably the greatest advantage to this 
approach is that it does not require any new methods of dealing with the sensors themselves. The 
learning curve is minimal, the system works and “If it ain’t broke, don’t fix it.” (We can debate 
whether or not “it ain’t broke” but that isn’t the subject of this paper) At least in the early phases of 
moving to network centric data acquisition systems, many, if not most, users and manufacturers are 
going to take this option. However, some of the things that make this approach attractive are also its 
greatest weaknesses. Although it makes the minimum changes, it does not take the greatest 
advantage of the dramatically lower potential cost of newer technology. In this approach relative 
timing between sensor outputs within the DAU is not changed. However, the absolute timing as well 
as timing information between sensors in different DAUs is largely lost at the network interface if a 
COTS computer network is used. Some timing information can be preserved if the network is 
operated in a strict command-response mode or if isochronous techniques are used but with most 



networks this is not a usual consideration. As multi-media applications become more prevalent this 
may become less of a problem. 
 
At this point we should consider a comment about the use of a digital signal processor in a DAU. 
They are in use in some systems today although they are not all that common. They are being used in 
digital filters and in some pre-processing of data. In the future, the trend to add digital signal 
processing to the data acquisition units will continue and their use in preprocessing of data will 
increase. Many applications are already facing bandwidth limitations with regard to the amount of 
data that we can acquire, record and transmit. Moving some of the processing into the DAU will 
allow information, which generally requires less bandwidth, to be passed instead of just raw data. In 
the near-term, there will continue to be resistance to this idea and many people pointing out just why 
it should not be done. There are good reasons for not moving in this direction, but in the end, 
economic forces will prevail and it will happen (at least that is what my crystal ball says). 
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Figure 1 Old System with a new interface 

 
 

SENSORS ON A STANDARD COMMUNICATIONS NETWORK (E.G. ETHERNET) 
 
Figure 2 represents another approach that also has merit. In this case we have a sensor, with built-in 
electronics, that is interfaced directly to a network. If we consider the case where all of the 
electronics are built into the sensor housing this approach offers some advantages. The first 
advantage that we would note is that the manufacturer that builds the device is now also responsible 
for putting it all together and making it work. The signal conditioning does not need to be a general-
purpose design; it can be tailored specifically for the application so it can be simpler. When the unit 
is calibrated, it is the entire “system” that is being calibrated, the sensor, the signal conditioning and 
the analog-to-digital converter are all calibrated at the same time. There is no need to combine up to 
three calibrations to obtain the system calibration. Of course there are cases where having the sensor 
and the electronics within the same package are not practical. Structural strain gages and 
thermocouples come to mind as common examples of this situation. There are other applications 
where the environment will not allow the sensor to be combined within the same package as the 
electronics, so we should expect these devices to come in two general types. The two types are those 
that integrate everything within the same package and those that separate the electronics from the 
sensor. When the electronics are separate from the sensor, we should expect that the signal 
conditioning will be more “general purpose” which means that it will cost more. However, we will 
be able to use the same signal conditioner for more applications. We still get the advantage that the 



signal conditioner is integrated with the analog-to-digital converter and the two are calibrated as a 
unit (which is also true for some DAU’s). 
 
The major disadvantage to this approach lies in the complexity of the standard communications 
network interface. When we considered adding a standard communications network interface to the 
conventional DAU, this was not a significant concern. The cost of the added complexity was 
distributed over many sensors and did not add significantly to the cost of making a measurement. 
However, if we consider the cost of adding a standard communications network interface, along with 
the standard communications network’s protocol stack, to a single sensor the cost becomes much 
higher on a per sensor basis. In addition, the complexity of the unit goes up as well. In most cases, a 
processor will be needed to handle the protocol stack and that is a significant step up in complexity. 
In some cases, the digital signal processor can handle the protocol stack but that is more commonly 
done with a general-purpose processor so it will often require an additional processor. A 
manufacturer building this type of device can buy the software to support the protocol stack if a 
general-purpose processor is used but that is less likely for a digital signal processor. A second 
disadvantage of this approach is the necessity of placing the time-tagging functionality in the 
package with each individual sensor. This adds to the complexity, and thus the cost and size, of each 
sensor. 

Analog-to-
Digital

Converter

Network
Interface Sensor

N
etw

ork

Signal
Conditioner

Digital
Signal

Processor

 
Figure 2 Networked Sensor 

 
 

AN INTERMEDIATE SOLUTION 
 
The problem with the standard communications network protocol stack not being appropriate for 
transducer networks has been recognized for some time and the process control industry has been 
attempting to address it for years. The solution that has been presented is to use a communications 
system that has been optimized for a transducer bus instead of using the more general 
communications protocols. Figure 3 shows this solution graphically. You can note that the data 
eventually gets to a higher-level computer type network but the transducers themselves, sensors in 
the figure, are connected to a local I/O bus. The local I/O bus is also called a “fieldbus.” This bus is 
then connected by way of a network interface or gateway to the standard communications network. 
The network interface supports the lower level bus on one side and the standard communications 
network on the other. This means that the transducers do not need to have the complexity that goes 
along with the standard communications network interface but can use a much simpler protocol. The 
problem that the sensor manufacturer and the user both face is which fieldbus to support. Over the 
last fifteen or so years somewhere around fifty of them have been introduced. In general, most of the 
existing fieldbuses are not appropriate for use in the types of Data Acquisition Systems that the 



telemetry community uses. Most of them are very low bit rate with 31.25 Khz being a common 
figure but some run even slower. There are several built around the Controller Area Network or 
CAN that can run up to the low megahertz range depending upon the length of the bus cable. The 
Profibus, which was developed in Europe by Siemens, is capable in one form of running at over 12 
Mhz. More are being introduced even as we speak. 
  
Another feature of this solution is that the network interface can take the data from several sensors 
and combine it into a single packet for transmission on the network. In many systems, if not most, 
this will be essential in order to preserve the network bandwidth. This brings up the problem of how 
does the data from several sensors get combined into one transmission and how does the system 
know which data is from which sensor. In a system where the network interface is free to combine 
things into a single transmission in whatever way is appropriate at that instant in time, additional 
overhead is required to identify what is in the transmission and how to extract it. Another approach 
is to fix how things will be combined at setup time and to require the network interface not to 
deviate from that fixed pattern. A variation on this approach is to allow the network interface to 
define how it will combine the different data sources and to inform the monitor/processing system of 
how this is being done. 
 
In this approach the Local I/O Bus or fieldbus can be designed to preserve the timing information 
about the samples and the time tagging can take place in the network interface. This simplifies the 
interface in the sensor module and thus lowers cost and size of the sensor module. 
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Figure 3 An intermediate solution 

 
 



THE TIME PROBLEMS 
 
The timing problem has been alluded to several times in this paper and it needs to be well 
understood before trying to build a network-based data acquisition system. The issues relating to 
time are two fold. One is that you want samples to be taken at regular intervals and it is desirable to 
have that interval be the same, or at least based on the same reference time base, for all sensors in a 
system. In the DAU implementation, a single crystal oscillator within a unit provided the time base 
for all of the sampling associated with that unit. If multiple DAUs are used in a system then the 
crystal oscillators all need to be stable enough that significant drift does not occur between units. 
What is “stable enough?” Well that depends on the system requirements, but crystal oscillators can 
be purchased for a reasonable price for this application and the results have generally been 
acceptable. However, when it becomes necessary to place very stable crystal oscillators within each 
sensor, problems begin to surface. The first issue is one of cost. A stable crystal oscillator in a DAU 
does not add significantly to the cost of the DAU but when you begin adding these devices to each 
sensor the cost becomes much more significant. A second issue is one of size. A “smart sensor” will 
need more electronics than a conventional sensor, but every component that is added contributes to 
increasing the size. In some cases, size is a secondary concern. In others, it dictates what can be 
included in the system. The drift issues also become more significant. When all of the sensors on a 
DAU are being sampled based on the same oscillator, the drift usually is not a factor. However, 
when each sensor is drifting at its own rate, albeit very low, the potential for problems goes up. 
 
Another time related problem occurs when we begin to put sensor data into packets and route it 
around on a computer style standard communications network. That problem is that standard 
communications networks do not rigidly control the time that a data sample is placed on the network 
nor do they control the order in which things will appear on the network. Both of these concerns are 
important to a network based data acquisition system. If two sensors or network interfaces try to 
access the network at the same time, they will both need to back off and try again later. Since they 
are running on different clocks sometimes they will not collide. The one that tried first will transmit, 
and the other will be delayed, until the first one finishes, before starting its transmission. However, 
as the clocks drift, which one gets there first will change and so the timing will be different at 
different times. Another issue is that some devices will need to transmit a long packet and others a 
short packet. The time required to transmit a packet is the same each time it comes up, but the timing 
is slightly different, because of the different clocks. So sometimes a device will be waiting on a long 
packet and at other times it will be waiting on a short packet. In other words, the user should not 
expect data to be placed on the network at regular fixed intervals. It will be sampled at regular fixed 
intervals but transmitted with variable intervals between transmissions. The solution to this problem 
appears simple. You move the time tagging operation ahead of where the data is placed on the 
network. Then, variations in the transmission interval do not impact knowing when the sample was 
taken. The difficulty is in keeping all of the time tagging operations running to the same clock. If 
different crystal oscillators are used in different parts of the system, then the time tags will only be 
relevant between devices being controlled by the same oscillator. 
 
There is an effort on standard communications network to provide “guaranteed bandwidth” for audio 
and video applications. In general the provision for guaranteed bandwidth may well be useful in data 
system applications but this does not necessarily mean that it will address the time tagging needs of a 
data system. In some cases, such as Firewire that provides an isochronous interval for transmission 



of video or audio data, some level of determining the time that a sample was taken may be possible 
depending upon the hierarchy of the network. 
 
 

REQUIRED STANDARDS 
 
This discussion of the standards that are needed to make the use of network-based data acquisition 
practical is based around the model given in Figure 3. If a different model of the system is used, then 
there can be some variation in the standards that will be needed. 
 
 

THE FIELDBUS STANDARD 
 
Adopting a single fieldbus, or a small set of fieldbuses as standards, is essential to keep the system 
simple. The need to support any of the fifty or so existing fieldbuses in a given system is too costly 
and adds too much complexity to the system to be considered. So, what are the requirements that 
should be considered when selecting a fieldbus? The most obvious one is that it must have enough 
bandwidth to support the application. The purpose of using a fieldbus in a network interface is to 
provide a bus that will allow many different sensor outputs to be concentrated before placing the 
data onto the network. Standard communications networks are not designed for efficiency when 
compared to a conventional PCM system. If many short transmissions are made, the overhead of the 
network will consume too much of the bandwidth. Therefore, the network interface is needed, to 
concentrate the data before placing it on the network, to improve network bandwidth efficiency. 
There are some sensors such as video where this is not an issue; but for most it is. The fieldbus must 
be able to support many different sensors with different sampling rates and different word lengths. 
No matter what fieldbus is chosen, it will have some fixed upper limit on the bandwidth that it can 
support. That bandwidth will be consumed for two purposes. One is to transmit the data. The other is 
for the overhead required to be able to recover the data that is transmitted. The overhead includes the 
gaps between transmissions. The exact number of sensors that can be supported on a given fieldbus 
will depend upon the sample rate of the sensors and the number of bits per transmission. The number 
of bits that a given sensor can transmit at one time is limited by the latency that the system can 
allow. If the sensor can delay transmitting the data until several samples have been taken, it will be 
able to improve on the bandwidth efficiency of a given fieldbus. If this is not the case, the bandwidth 
efficiency will suffer and fewer devices will be able to be supported by the bus. Without knowing 
the detailed requirements for a system it is not possible to select the ideal fieldbus for that 
application. However, if the industry is to achieve the cost reduction that comes along with 
standards, a compromise between the ultimate in performance and what will serve most applications 
will need to be reached. 
 
The other thing that the fieldbus needs to be able to do is to provide a common clock to all of the 
sensors on a given bus segment. The reason for doing this is cost. If the bus provides a common time 
base then the stability of the clock in the sensor is not as important. It can either use the time base 
provided by the bus directly or it can lock to this clock and generate a higher frequency that is phase 
locked to the reference clock. In either case, the sensor electronics becomes simpler and all of the 
devices on the bus can be operated with a degree of synchronization that would not otherwise be 
practical. With this common clock, it becomes possible to determine the time that a sample was 
taken from the network interface in most cases without the sensor itself needing any sense of the 



time of day. The network interface then needs the ability to know when a given sensor was triggered 
to take a sample and the delays involved and it can then determine the time of the sample. There are 
two ways to accomplish this. One is to standardize on an existing fieldbus and supplement it with a 
common clock and the other is to find a fieldbus that provides these features. The high-speed version 
of Profibus with the addition of a bus clock line would be an example of the first solution. IEEE 
p1451.3 and Intellibus are examples of the second approach. Writing a new standard should only be 
undertaken as a last resort. 
 
 

THE TIME STANDARDS 
 
If we use a fieldbus as outlined above, it will not be necessary in most cases to have a common sense 
of the time of day below the level of the network interface in the system. The most common time 
standard in use on networks today is the Network Time Protocol or NTP. NTP can keep the time-of-
day clocks in devices on the network to within about one millisecond of each other. It does not make 
any attempt to phase lock the oscillators in the various devices to one another so considerable drift 
with occasional correction of the time of day is the norm using this protocol. This is quite 
satisfactory when you are time stamping files in a computer system but hardly adequate for 
controlling the sample rate of a data acquisition system. A different standard or a different approach 
is required. And again there seem to be two different approaches to solving the problem. One is to 
provide a common sense of time using another system in parallel with the network and the other is to 
try to use the network. 
 
 

A PARALLEL SYSTEM 
 
There are many ways to use a parallel system as a source of time. Some of them are practical in 
some systems and not in others. For example, adding a GPS receiver in each network interface 
would solve the problem but it hardly seems practical in most systems. A simpler approach would be 
to simply feed IRIG time to all network interfaces in the system. It might be better to move up from 
the old standby, IRIG B that runs at 1 kHz, to something like IRIG G that runs at 100 kHz, as a 
simple way to accomplish the task. With this approach, there is no compensation for propagation 
delay around the system but as long as this is not a problem it would work and work well. The 
downside is that it requires routing additional wires and thus introduces additional failure modes. 
 
 

A NETWORKED APPROACH 
 
Hewlett Packard Labs, now Agilent, has developed an approach for time synchronizing devices 
around a network that can obtain time resolution down into the range of 100 to 200 nanoseconds if 
“hardware assist” is used. If the task is done purely in software it is little better than NTP. It has been 
proposed as IEEE Standard p1588. An IEEE p1588 system can be implemented by transmitting a 
few messages a second across a network to phase lock all of the clocks on that network to a master 
clock in the system without any additional wires. The “hardware assist” is the hardware that would 
be required to register the time that a packet was received or transmitted. The software can then 
communicate the exact time that a message was transmitted or received, and using that information, 
can speed up or slow down its clock to stay in sync with the master. In a network interface this 



would not be a lot of additional logic. However, this approach has limitations. The delays between 
the master clock and the network interface need to be constant. In a system where the time to 
transmit a message can vary, the protocol breaks down. Common sources of variable delays in a 
network are routers and switches. This is not to say that this approach cannot be used in systems 
using routers and switches. However, to be able to do so, you need to add clocks into the router or 
switch that are synchronized to the master clock on one side and serves as the master clock to 
devices on the other side. It can be done but the routers and switches are no longer COTS devices. 
Unless IEEE p1588 is successful in the network marketplace, which is not what it is aimed at, this 
will not be a COTS solution in most applications. 
 
There is a variation on this approach that might be worth considering. There has been considerable 
work done to allow the power line to be used as a network. This would be a “network” that was 
pervasive around a single vehicle and would bypass all of the switches and routers. It also requires 
no additional wires. If IEEE p1588 were combined with a power line network it might give the best 
of both worlds. 
 
 

TRANSMISSION FORMAT STANDARD 
 
There needs to be some agreement about where in the system the data transmission format will be 
determined and how that information will be distributed around the system. We can continue to 
predefine the transmission formats ahead of time but it is additional work that could be relegated to 
the network interface. To do this, we will need to develop a standard way to pass this information 
around the network and to the ground based support systems 
 
. 

OTHER POSSIBILITIES 
 
There is at least one other possible side effect of using a network based data acquisition system. That 
is the ability to compress the data. In the past, it has always been stated, “PCM data does not 
compress well.” Whether this is really a true statement, or just the fear of doing anything that could 
possibly cause data errors or not, will probably never be known by most of us anyway. The PCM 
data in question was always organized in such a way that all of the desired data could fit within the 
PCM frame without regard for putting like things together. However, with network based data 
acquisition systems, the tendency is going to be just the opposite. Like things are going to be 
grouped naturally and this leads to the possibility that the data will compress very well. It will 
probably be some time before this will become a generally accepted approach to conserving 
bandwidth. But the fact is, that if it works, and space systems have used it for years, then with all of 
the concerns about bandwidth, it will need to be used at some point in the future. 
 
 

CONCLUSIONS 
 
To be able to use network based data acquisition systems in vehicular instrumentation, several 
standards or sets of standards need to be defined or selected. One is a fieldbus(es) with the 
appropriate features. Another is a method of distributing time around the system. Still another is a 



method of defining the data transmission format and passing it around through the system. While I 
would not give it a very high priority, a data compression standard will also be needed sometime. 
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ABSTRACT 

 
The role of recorders in telemetry applications has undergone many changes throughout the years. 
We’ve seen the evolution from multi-track tape to disk to solid state technologies, both for airborne and 
ground based equipment. Data acquisition and collection system design has changed as well and a recent 
trend in airborne is to merge acquisition and recording. On the ground, increased decentralization of data 
collection and processing has generated the requirement to provide backup storage to protect against 
communication circuit outages. 
 
This paper explores the trend to adopt network based data acquisition, collection, and distribution 
systems for telemetry applications and the impact on recording techniques and equipment. It shows that 
in this emerging approach the recorder returns to its root mission of attempting to provide the fastest, 
largest capacity for the least amount of investment. In a network based architecture the recorder need 
only accept and reproduce data operating independently from the acquisition process. 
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INTRODUCTION 

 
Fiscal pressures and technology requirements are accelerating the adoption of network based data 
acquisition architectures. This is true in both airborne platforms and ground support equipment.  
 
In the air there are requirements of sufficient complexity and / or bandwidth requirement that a network 
based implementation becomes important. Fiber Channel for example, provides about 4000 times the 
bandwidth of 1553 and allows for extensions by adding new devices to the network much like adding 
peripherals to computers. 
 
On the ground the worldwide emergence of data networks is pervasive and implemented in an 
increasing variety of services (read: capacity, cost, and function.)  Leveraging this commercial capability 
of networks, associated equipment, and practices provide the advantages of lower development and 



deployment costs, ease of upgrades and extensions, ability to link large geographical areas and to take 
advantage of decentralized, distributed data processing. 
 
This paper addresses some of the issues involved with airborne and ground-based networking systems 
that lay the foundation for understanding the role of recording in this environment. Methodologies of a 
network based acquisition system are quite different from Time Division Multiplexing. 
 
 

BACKGROUND 
 
Ask a group of Test and Evaluation (T&E) engineers to describe their dream acquisition system and it 
would probably sound like this: 
 
“a fast, scalable, inter-operable and time-coherent architecture with COTS-based interfaces that 
implement standards based protocols with a rich metadata infrastructure.” [1]   
 
Well, maybe they would not use the term metadata!  Each phrase in this example contains a mountain of 
assumptions, reveals frustrations with older technologies, and sets costing innuendoes. The term 
metadata refers to self-describing data. By adopting such a practice the data acquired can be routed to 
end users automatically without the need for preprocessing. It assumes sufficient resources are available 
to deliver this data when required. A master timing controller does not exist to specify exact 
transmission timing. If a master does exist, its purpose is to control what process sources what data over 
the span of the mission. This means the system is scalable by inserting new nodes physically and 
logically into the architecture without impact to existing data sources or the transport and recording 
mediums.  
 
Once a central control agency publishes a standard of data message structures then commercial 
manufacturers can produce interoperable equipment in a manner analogous to the World Wide Web 
application software and hardware. [2], [3] The software examples are programs like web browsers and 
email programs available from a variety of vendors that can work together. The hardware examples are 
the underlying network hardware: dial up modems, cable modems or satellite modems connected to 
network providers interconnected by carriers. 
 
Implementing such an architecture using exchangeable hardware and software allows each application to 
take advantage of the best COTS solutions available without the need for ground-up system design each 
time a minor or major change is required. 
 
On the ground side, the tracking facility requirements are reduced to providing the two-way 
communication links and provide message routing and perhaps aggregation from multiple sources. The 
aggregating function is again an exercise in connecting COTS equipment that can ‘bridge’ the various 
hardware forms from which the data messages arrive. Any number of data links between facilities can 
be utilized as best suits the missions. Locally, point to point fiber, 100bT or Gigabit Ethernets can be 
interchanged. For longer distances ISDN, fractional T1, T1, bundled T1 (aka inverse multiplexing), T3, 
OC3, etc can be used. [4] 
 
 



NETWORKING ESSENTIALS 
 
Flexibility and interoperability results from a layered architecture. Protocol layering is a technique to 
simplify designs by dividing them into functional layers, each concerned primarily with one task and 
defining protocols to perform each task. Each layer provides a well defined function while using a 
standards based interface to the layers above and below it. This means that each layer is independent of 
the others and therefore replaceable. For given applications, only the layers required need be assembled. 
 
Protocols concern the formatting into and movement of Data Units and are illustrated in Figure 1. In this 
example (based on the 1970’s DARPA protocol stack) File Data is to be transferred between two 
computers (a peer-to-peer transfer functionally). In order to take advantage of an interconnecting 
network like the Ethernet and T1 infrastructure shown, the file must first be converted into Messages 
which the Host-to-Host peers know how to transfer, verify, and if required, retransmit. These messages 
then need to be placed into IP packets that the Inter-Net peers know how to move independently from 
the lower level physical link chosen. Note that along the path, the Ethernet link must transverse a T1 
circuit, so a ‘bridging’ function partially disassembles the data and reformats it as required for T1 
transmission. Note that all of this is transparent to the Process Layer. 
 

 
Figure 1: An example of Protocol Layering 
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Hardware is also an essential consideration as it relates to the physical ‘division of labor’ part of 
layering. A very modular system provides the greatest flexibility. However, embedding more than one 
layer’s processing/interconnects reduces hardware and therefore cost, size and power.  
 
Nodes of a network typically exist to provide a Process Layer and are implemented by a computer or 
controller card. This means that intervening layers most often can be implemented in software that runs 
on the platform with only lowest level physical interface provided as ‘modular’ product.  
 
While it is often possible to host several processes in the same node, there are instances in which 
function-specific nodes stand out, for example: Printers and File Servers. These common elements of 
“networked computer systems” introduce the concept of Sharing. Resource sharing can provide 
telemetry applications with another advantage over previous approaches by eliminating duplication. 
Printers and file servers also illustrate different operating constraints that parallel air to ground 
transmitters and on board recorders. Printers need the entire Data Unit prior to initiating a print output 
(can’t intersperse print characters or lines.)  The printer is basically a ‘fire & forget’ type interface with 
no feedback on success of operations beyond basic status. File servers on the other hand are typically 
designed to simultaneously read and write multiple files and thus support multiple logical connections at 
a time.  
 
The last concept to overview is inter-networking which is concerned with connecting and moving Data 
Units among multiple and often different networks. If data is simply to be moved between networks 
without regard to filtering or getting involved with the exact path a Data Unit must take, the 
interconnecting device is a BRIDGE. It simply spans the gap between the two networks. If the networks 
are based on different protocols a GATEWAY node is required that decomposes and regenerates Data 
Units as required. A device that actively participates in routing the data between multiple networks or 
providing routing instructions throughout the network is a ROUTER. These elements will become more 
important as acquisition networks are more fully utilized in the air and the ground segments. One 
example is the use of a bridge to connect an operational Avionics network to a T&E acquisition system 
network. 
 

 
RECORDER’S ROLE 

 
Figure 2 illustrates the use of recorders throughout a network based acquisition system. It expands the 
concept found in reference [5]. 
 
Aircraft Network 
 
Initially the record function seems simple:  Record and Playback. However, just what data of all the 
network traffic is to be recorded?  Since the network is NOT the acquisition process alone (network 
management data for example may also be present and the T&E network may be monitoring one or 
more production busses) it is not as simple as capturing all bus transfers. The recorder may be part of a 
store and forward process and needs to be able to support both record and playback simultaneously. 
Store and forward operations would support a reduced downlink TM bandwidth if vehicle maneuvering 
or loitering time could be used to off load the data. Another use of store and forward would be to 



implement a rate buffer. The data source of interest may produce more bits than the TM link can handle 
and a real time rate buffer using the recorder could address this problem. 
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Figure 2: Network-Based Data Acquisition Overview 
 
 
So a clearer picture of the recorder may emerge by viewing its function as a file server to which multiple 
processes are simultaneously connected. The connection itself is interesting as there are many 
possibilities. An acquisition process may be setup to direct all of its output to the recorder (direct logical 
connection). But another alternative exists within a Publish/Subscribe environment. Data is “Published” 
onto the net by the acquisition node and multiple nodes such as a transmitter, another combining 
process, and the recorder “Subscribe” to this data (broadcast like connection.) 
 
 
 
Ground Network 
 
If the vehicle under test is part of a network then the tracking site is no longer the primary data 
collection and processing site. Instead it may be viewed as a bridge or router within the overall network. 
Recording is therefore primarily geared to Data Link Disaster Recovery. There does not appear to be a 
“best” location or description of operation for recorders in this area. One option is to provide a dedicated 
recorder for each link input and record all of the transmissions received. The drawback to this is the loss 
of data time correlation between the separate recorders and the need for a recorder per link. Another 



option is a recorder that is part of the data aggregation process which can provide a copy of the 
composite data stream to maintain coherency. The drawback is that the recorder becomes a proprietary 
entity closely coupled to the data multiplexer supplier.  
 
A third option is to develop a bus monitor interface that captures all outbound data and stores it 
separated by IP address for example. Then if the data needs to be retrieved, software can select the data 
packets of interest from the recording for retransmission. This would eliminate the confusion caused by 
attempting to place all of the recording session’s network traffic on the bus which is certain to contain 
control/response packets.  
 
Training exercises can be facilitated when the composite data stream is recorded. When played back, the 
resulting composite stream from the tracking site would be indistinguishable from real time data if only 
streaming data is involved. 
 
Issues involved also include link rates, mission duration and desired storage time. If bulk recording for 
archiving is the purpose then the storage medium (whether it is removable, storable or transportable) and 
its ability to be read at other locations are added requirements.  
 
 
Common Questions 
 
The format of the data storage is often an issue associated with recorders. In the file server world, this 
may or may not be an issue. If all access of data is network based, there should be no more concern over 
the exact storage format or physical characteristics any more than the network’s physical link layers 
need to be known. At the Process Layer, the data Source and Sink know what the Data Unit is between 
them and that’s all they will ever see. However, if it must be required that recordings be read at other 
locations using another vendor’s equipment then both the physical and data format characteristics must 
be controlled. It is interesting to note then that the severity of the problem rests with the system designer 
and can be mitigated by providing network usage guidance that requires the adoption of the server 
paradigm. Alternately a ‘gateway’ or ‘bridging’ function between dissimilar recorders that are located 
around the same network can be used to translate the data but is cumbersome at best. 
 
Data coherency relates to the ability to cross-correlate data from multiple sources during data analysis. 
In a network environment it is possible to assign priorities or quality of service values to time sensitive 
data to be sure it is serviced promptly. But it is not practical to implement a TDM like sampling plan as 
the means for establishing timing relationships. Rather, it will be up to each data source to embed time 
within the Data Units. Smart sensors may provide compressed or pre-processed data which only the 
source can time tag. This needs to be considered when defining the Standard Message Formats to be 
used within the network so that all processes can conveniently access and interpret the time data. 
Establishing a standard time format and methods of attaching the time to the data messages is quite a 
challenge for range applications. The time of first data receipt is only useable if the time interval 
between successive data points in the message can be known. However that type of information may be 
better placed in the description or metafile data rather than occurring repeatedly in the Data Unit header. 
From this it can be seen that the recorder should not be involved with time tagging data as data 
structures will vary and data arrival time will not be uniform. 
 



The amount of bandwidth both on airborne and ground local area networks is very high compared to the 
TDM output bandwidth of the past. This bandwidth however is likely to encounter bottlenecks between 
the data sources and sinks such as air to ground bandwidth allocation problems and the high costs of 
long distance high bandwidth carriers between sites on the ground. This is where recorders of large 
storage capacity can enable new techniques such as the rate buffer / store and forward operations 
previously described.  
 
 

SUMMARY 
 
Moving into network based architectures will present new problems for recorder vendors but the base 
technologies of tape, disk, solid state memories, and optical media will each continue to find 
applications. The electrical interface between the drive and the acquisition system will be quite different 
from current devices but can be built on techniques already in place in commercial networking but with 
an eye towards miniaturization and modularity. Regardless of how the network is operated (data directed 
to the disk or ‘broadcast’ in a Publish/Subscribe manner) a network based interface to the recorder 
would remain the same. This is a key to achieving an extensible, real time re-configurable, advanced 
network based data acquisition system. 
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ABSTRACT 
 

Using a network-based telemetry system places additional requirements on the Radio Frequency 
(RF) link.  Limitations imposed by this link must be considered in advance when designing a 
network-based telemetry system. 
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INTRODUCTION 
 

In the not too distant past computer processing was expensive.  Data from sensors on a test vehicle 
was collected, formatted into an IRIG 106 telemetry frame, and transmitted to the ground.  The data 
was then processed by expensive computing systems at the range and given to the end user. 
 
With today's inexpensive processors, this method of collecting and distributing data is changing.  
Data can now be partially processed at several locations in the network and in some cases the 
sensors can process their own data.  Transducers can read in both temperature and the desired 
parameter and then apply temperature compensation.  Calibration curves can be loaded directly into 
the sensor so that the output provided is already in engineering units. 
 
The data acquisition system can also participate in the process.  Sensor data can be sampled at a high 
data rate, filtered with a digital filter, and re-sampled at a lower data rate.  This partially processed 
data can then be placed into packets for transmission to the ground.  On the ground, these packets 
can be split up and distributed to the end user. 
 
Figure 1 provides comparison of a network-based telemetry system and a traditional telemetry 
system. 
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ADVANTAGES OF THE NETWORK-BASED TELEMETRY SYSTEM 
 

A network-based telemetry system provides greater flexibility.  For example, during the boost phase 
of a multistage vehicle, the first-stage transducers are of primary interest.  After staging, these 
sensors are no longer of interest, but the sensors from the upper stage are.  A network-based 
telemetry system allows sensors to be added or deleted during the flight. 
 
Placing data in packets aids in data compression.  An IRIG 106 format frame has data collected from 
a variety of transducer types mixed in the frame.  The result is a pseudo-random collection of bits 
that is not easily compressible.  As an extreme example, consider a system consisting of video data 
examining a dark field and accelerometer data in a traditional Pulse Code Modulation (PCM) frame.  
The samples from the video data are interleaved with the accelerometer data resulting in a data 
stream that is not easily compressed.  However, if the data is sent as packets, the video data can be 
greatly compressed resulting in a much lower data rate. 
 
A network-based telemetry system also facilitates delivery of the telemetry data to the end user.  The 
data can be sent over the network directly to the user rather than first sending the data to a 
centralized area for processing and then striping out the data to the end user. 
 

EFFECTS OF THE NETWORK-BASED TELEMETRY SYSTEM ON THE RF LINK 
 

The benefits of the network-centric telemetry system place additional constraints on the RF link. 
Networks are typically bi-directional while traditional telemetry systems send data in only one 
direction.  A network-based telemetry system may require an uplink to change the parameters of the 
acquisition system.  The user may wish to stop taking data from one sensor and begin taking data 
from another set of sensors.  Or, prior to an expected event, the sample rate of a sensor may be 
increased, and the digital low-pass output filter cutoff may need to be increased. 
 
The increase in data compression enabled by the network-based telemetry system imposes 
constraints on the RF link.  Compressed data is generally far more sensitive to noise in the RF link.  
Depending on the type of compression used, a single or few bit errors may make an entire block of 
data unusable.  A bi-directional data link helps overcome this limitation by requesting retransmission 
if a parity bit or checksum is not correctly received.  Alternatively, forward error correction 
(convolutional code) concatenated with an outer code (such as a Reed-Solomon block code) can be 
used to reduce the bit error rates. 
 
Data also can be interspersed in various blocks so that bursts of noise do not destroy any single 
block.  A simple example would be transmitting each block twice (with a checksum or parity bits to 
determine which block was not corrupted by noise).  Periodic convolutional interleaving also can 
serve this function. 
 
Care must be taken to ensure that the gains from data compression are not overcome by the increase 
in overhead in forward error correction, retransmission, or redundancy to overcome noise bursts. 
 
A network-based telemetry system has the advantage of delivering data directly to the user.  In a 
traditional system, the processing agency can separate the invalid data and only send the noise-free 



data to the user.  In a network-based system, the end user receives both valid data and data corrupted 
by noise.  The result can be a user that draws incorrect conclusions based on noise that resembles 
data.  If the user becomes accustomed to noisy data, critical data may be discounted and assumed to 
be noise.  Finally, failures may occur if a user does not take appropriate action on real data that is 
presumed to be noise. 
 
Noise presented to the user can be minimized by requiring the RF link to provide a lower bit error 
rate, or using a Reed-Solomon or other code which alerts the user when there are too many errors to 
correct. 
 

DATA LATENCY 
 

Data latency also must be considered when designing a network-based telemetry system. Range 
Safety may require a minimum latency for Range Safety critical parameters. 
 
In the event of vehicle failure, the last few milliseconds of data are often critical to understanding the 
failure cause.  If data is being stuffed into packets, or filling a buffer to be compressed and/or block-
encoded, and the vehicle failure causes loss of telemetry, the failure cause may be difficult to 
determine. 
 
Latency can be minimized for time-critical data.  These parameters can be assigned a lower level of 
data quality and be placed in a virtual channel without error correction. 
 
Eliminating block codes and/or data compression can reduce latency.  Higher power transmitters or 
higher gain antennas on the vehicle or ground can compensate for the lost coding gain or higher bit 
rates without compression. 
 

CONCLUSIONS 
 

A network-based telemetry system places additional constraints on the RF link.  Improved bit error 
rates may be required.  Coding the signal or using higher power transmitters or higher gain antennas 
also may be necessary to obtain the lower bit error rates. 
 
A network-based telemetry system can add latency.  In the case of a vehicle failure that results in 
loss of the RF link, data latency may cause a loss of critical data.  For this type of application a 
network-based telemetry system may not be appropriate. 
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ABSTRACT 
 

This paper describes an approach to the implementation of an IF sampling digital receiver for low 
data rate command and telemetry applications in the NASA Goddard Spaceflight Tracking and Data 
Network (STDN) and Air Force Space-Ground Link System (SGLS).  The digital design is targeted 
for an FPGA-based implementation and was written entirely in VHDL.  Several size and clock 
reduction techniques are described which were utilized due to limited gate-array resources and 
power.  The system-level design architecture is described followed by a discussion of algorithms and 
performance of critical stages in the receiver chain.  Bit error performance of the prototype receiver 
is also presented.  Finally, although this design is specifically targeted for a narrowband command 
and telemetry application, the methodology forms the basis of a configurable receiver for higher data 
rate applications. 
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INTRODUCTION 
 

The receiver described in this paper was designed for low data rate (2 kbps) command and telemetry 
STDN applications at S-band frequencies (2025-2110 MHz).  The modulation format of the STDN 
waveform may be described as a BPSK modulated 16 kHz subcarrier linear phase modulated (PM) 
onto a main carrier with a modulation index of 1.0 radian. 
 
The receiver is divided into four major assemblies; the S-Band downconverter assembly, IF 
assembly, digital demodulator assembly and the power supply assembly.  It is partitioned along 
logical functional boundaries to provide isolation of RF, digital and power segments as well as 
providing manufacturability and testability necessary for a product that is cost effective to produce.  
Mechanically, each of the four major assemblies represent a separate slice which together comprise 
the complete receiver unit.  A system-level functional block diagram of the STDN receiver is shown 
in Figure 1. 
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Figure 1.  STDN Digital Receiver System-level Block Diagram 
 
The digital portion of the receiver, which is the primary focus of this paper, consists of the functional 
blocks within the dashed outline.  The RF/IF section, prior to the A/D converter, is analog and 
performs the functions of bandlimiting, gain, and downconversion to a suitable input frequency for 
the A/D converter. 

 
 

RF/IF FRONT END 
 

The RF front-end utilizes a single conversion superheterodyne architecture to produce the IF input 
frequency to the A/D converter and digital demodulator.  A detailed functional block diagram of the 
RF/IF strip is shown in Figure 2. 
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Figure 2.   RF/IF Functional Block Diagram 



The S-Band downconverter accepts RF input signals in the frequency range from 2025-2110 MHz 
and performs a fixed downconversion to an IF of 70 MHz.  For flexibility, the local oscillator (LO) 
is synthesized allowing the input signal frequency to be preset in 80 kHz steps within the 2025-2110 
MHz range.  Out-of-band interfering signals are suppressed a minimum of 60 dB by two bandpass 
filters prior to the mixer.  In practice, a user defined nominal operating input frequency is specified 
to allow the custom selection of the narrower of these two filters (post-LNA). The center frequency 
and bandwidth are chosen carefully with respect to the desired operating data rate for the purpose of 
maximally reducing the total noise power and interference into the front-end mixer.  For this 
particular design, a nominal input frequency of 2042 MHz was selected along with a 4 MHz wide 
post-LNA bandpass filter. 
 
Following the mixer, the IF signal is further bandlimited to remove mixing and intermodulation 
products as well as reduce total noise power.  In addition, these post-mixing filters serve the critical 
function of providing anti-alias filtering for the digital demodulator.  The anti-alias filter is crucial to 
the performance of an IF sampling digital receiver and must be carefully selected to provide 
sufficient out-of-band rejection to achieve the desired sensitivity design goal.  For this application, a 
cascade arrangement of 500 kHz filters was used to obtain greater than 100 dB of stopband rejection.  
The design goal for receiver sensitivity was –130 dBm. 
 
A multi-stage AGC maintains the IF signal at a fixed level to the input of the A/D converter.  The 
output of the A/D converter is then applied to the digital demodulator.  The AGC allows the receiver 
to have sufficient linear dynamic range in the presence of varying input signal levels as well as to 
avoid overdriving the input to the A/D, thus causing distortion resulting in poor receiver 
performance.  The gain of the AGC is varied via an analog control voltage generated by the digital 
receiver driving a D/A converter.  For this design, the AGC provides a total of 80 dB of dynamic 
range. 

 
 

DIGITAL DEMODULATOR 
 

The digital demodulator translates the STDN waveform from the 70 MHz IF to baseband and 
produces a demodulated output data stream and clock.  A detailed functional block diagram of the 
digital demodulator is shown in Figure 3. 
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Figure 3.   Digital Demodulator Functional Block Diagram 
 

The bandlimited 70 MHz IF is undersampled by an A/D converter and decimated by a factor of 2 to 
produce an image of the desired signal at a convenient lower frequency1.  This image is an exact 
copy of the desired waveform, resulting from the sampling process, which may then be processed at 
a significantly reduced clock rate compared to that required for direct baseband sampling of the 70 
MHz input waveform.  The Nyquist criteria states that a signal must be sampled at a rate equal to or 
greater than twice its bandwidth in order to preserve all the signal information.  The absolute 
location in frequency of a band of signals is only constrained to lie completely within a single 
Nyquist zone, each of which is defined as a multiple of half the sample rate.  This concept is 
illustrated in Figure 4 which shows the desired 70 MHz waveform located in the 27th Nyquist zone 
and the resulting lowest image located at approximately 1.321 MHz (0.25fs). 
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Figure 4.  Spectral Images Resulting from Undersampling of Analog Waveform 
 
A convenient formula relating the sampling frequency fs to the desired signal center frequency fc and 
the Nyquist zone N is given by, 
 
  fs = 4fc /(2N-1) (Hz) where, integer N>1    (eq. 1) 
 

                                                 
1 The 2:1 decimation is permitted at this point due to the band limiting provided by the anti-aliasing filters prior to the 
A/D. The higher sample rate is used to optimize the operation of the A/D converter. 



Equation 1 determines a sampling frequency which ensures the desired signal center frequency fc is 
located in the center of a Nyquist zone.  In addition, the Nyquist criterion must of course be satisfied 
for the bandwidth of the waveform of interest.  Signals which cross Nyquist zone boundaries will 
result in undesirable aliasing across the entire spectrum.  This becomes an important consideration in 
the tradeoff of selecting a sampling frequency which is high enough to spread the images sufficiently 
to permit the use of simpler anti-alias filters and low enough to serve as a convenient clocking 
frequency for the hardware devices.  Ultimately, the total stopband rejection of the anti-alias filter is 
a critical design factor in determining receiver sensitivity, dynamic range and overall performance. 
 
It can be seen from Figure 4 that sampling of signals above the first Nyquist zone is equivalent to 
analog downconversion by producing an exact image of the desired signal in the first Nyquist zone.  
This image may then be further translated to baseband by complex mixing with its center frequency; 
in this case 1.321 MHz (0.25fs).  The 1st Nyquist zone image centered at one-quarter fs permits the 
use of a convenient frequency translation technique known as "quarter rate translation" which does 
not require the use of multiplication.  From a digital hardware synthesis consideration, especially 
with limited FPGA gate resources, multipliers are generally to be avoided if possible due to their 
size and complexity.  Quarter rate translation is performed by applying in-phase and quadrature 
mixing sequences to the input samples as follows, 
 
   In-phase sequence:  1, 0, -1, 0, ... 
   Quadrature sequence:  0, 1, 0, -1, ... 
 
It can be seen that the two sequences are shifted by one sample relative to each other to produce 
phase quadrature.  For each incoming sample we either apply a change of sign, zero the sample or no 
change to generate the in-phase and quadrature data streams.  No multiplication has occurred and the 
1st Nyquist zone image has been translated to baseband.  Digital low pass filtering is subsequently 
performed to eliminate the higher frequency images.  Referring to the functional block diagram of 
Figure 3, the quarter rate downconversion block and subsequent filtering are shown following the 
A/D converter. 
 
Another digital resource saving structure is the half-band filter so called due to the nature of its 
frequency response.  The half-band filter has the advantage of requiring no multipliers and 
delivering a frequency response whose 3 dB cutoff is at half the folding frequency (i.e. fs/4) with a 
total stopband rejection of approximately 20 dB per stage.  A block diagram of a single stage half-
band filter architecture is shown in Figure 5. 
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Figure 5.  Single-stage Half Band Filter Structure 
 



The transfer function of the half-band filter is given by, 
 
  H(z) = (A+z-1+z-2+Az-3) / (1+Az-2)     (eq. 2) 
 
The transfer function coefficient A may be selected to be powers of two (1/2n) requiring only a bit 
shift to implement in hardware.  Once again, multipliers have been avoided resulting in considerable 
savings in logic resources.  For this design, a series of three dual-stage half-band filters in both the 
in-phase and quadrature channels were implemented.  Each dual-stage filter was followed by a 
decimation-by-2 to reduce the total clock rate required for subsequent processing. 
 
In practice, the desired signal may experience frequency shifts from the nominal carrier frequency 
due to Doppler, oscillator error, temperature drift, etc.  The down conversion process to this point 
has, in reality, only produced a near baseband complex output that is offset by the uplink Doppler, 
transmitter and receiver frequency errors.  Following the string of half-band filters and decimation is 
a complex CORDIC2 downconverter for the purpose of resolving the remaining frequency offset.  
The CORDIC algorithm provides phase angle estimation via an iterative process.  This algorithm 
requires no sine/cosine look-up table and only requires a single tangent value for each stage of the 
CORDIC.  For this design, a ten stage CORDIC was implemented which provided sufficient phase 
angle resolution to meet specified requirements.  This algorithm requires no multiplications and no 
PROM resulting in a significant reduction in implementation complexity.  A block diagram of the 
complex CORDIC digital downconverter is shown in Figure 6. 
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Figure 6.  Complex CORDIC Downconverter 
 
                                                 
2 CORDIC is an acronym for COordinate Rotation DIgital Computer.  It is a method for calculating trigonometric 
functions, such as sine and cosine, which was described by Jack E. Volder in 1957. 



The ∆θ (phase error adjustment) feeds the phase accumulator which generates the phase angle for 
the CORDIC algorithm.  This implementation of the CORDIC uses a ten stage iterative process to 
reduce the phase angle input to zero.  An inverse tangent lookup table, related by powers of two, is 
used for this calculation.  This process rotates the in-phase (I) and quadrature (Q) vectors to match 
the phase angle input. Since this implementation of the CORDIC only operates in one quadrant, the 
two MSBs of the phase angle must be used to perform a quadrant rotation.  The output of the 
quadrant rotator provides the down converted I, Q outputs. 
 
Referring once again to Figure 3, the output of the three stages of half band filters (I and Q) also feed 
a single half-band filter stage and decimator prior to the complex FFT.  The I and Q outputs of the 
CORDIC are fed to low pass filters (digital single-pole RC) and then to carrier detect integrators.  
The Q channel output of the CORDIC is used as the phase detector of the carrier phase lock loop 
(PLL).  When the loop is locked, the Q channel will have an average value of zero and the I channel 
will have an average DC value.  The Q channel is digitally filtered and decimated prior to the 
proportional/integrator loop filter.  The loop filter phase error output provides the step adjustment 
(∆θ) of the phase accumulator clocked at the input sample rate of the complex CORDIC 
downconverter.  The output of the phase angle accumulator becomes the differential phase angle 
input to the CORDIC. 
 
A complex FFT was implemented to perform an energy search within the sample bandwidth (+/-165 
kHz) to estimate the carrier offset of the desired signal.  This estimated carrier offset is used to drive 
the digital PLL which controls the complex CORDIC to remove the remaining frequency offset.  
The advantage of this approach is the ability to move the CORDIC directly to the desired signal 
location in one clock cycle rather than a sweep method requiring multiple cycles.  In this design, a 
256-point decimation-in-frequency FFT was implemented providing a resolution bin width of 
approximately 1.3 kHz.  A single multiplier was used in the FFT implementation. 
 
Carrier acquisition begins by performing a complex FFT on the filtered I and Q samples.  To achieve 
the desired sensitivity goal of –130 dBm RF input level, multiple FFT's are performed and integrated 
to provide sufficient noise filtering to accurately estimate carrier offset.  The estimated carrier offset 
drives the digital PLL. 
 
Carrier lock is determined by comparing the integrated I channel samples with the scaled integrated 
absolute value of the Q channel samples as given by, 
 
   Σ I > k Σ |Q| where, k is a constant    (eq. 3) 
 
The scale factor k represents the lock threshold and the integration interval is determined based on 
probability of acquisition and probability of false lock requirements.  When carrier lock is detected, 
the acquisition mode is suspended and tracking mode begins.  The PLL bandwidth is selected to 
allow the loop to track Doppler induced carrier frequency variations.  For this design, a loop 
bandwidth of greater than 30 Hz is required to track a worst case Doppler rate of 750 Hz/sec. 
 
For the STDN waveform, the 2 kbps command and telemetry information signal is located on a 16 
kHz subcarrier relative to the main carrier.  The Q channel output of the complex CORDIC 
downconverter contains the modulated subcarrier energy.  The 16 kHz subcarrier requires another 



down conversion, which is performed by a second digital CORDIC downconverter.  Prior to the 
second CORDIC, the signal is again processed through three stages of half-band filters and 
decimators to further reduce the sample rate.  The second CORDIC downconverter utilizes a 
decision directed Costas loop to acquire and track the 16 kHz subcarrier.  Figure 7 shows a block 
diagram of the decision directed Costas loop with complex CORDIC. 
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Figure 7.  Decision Directed Costas Loop with Complex CORDIC Downconverter 
 
The loop filter parameters are adjusted to meet the particular specifications of the 16 kHz subcarrier.  
The loop filters' phase error output provides the step adjustment to a phase accumulator whose 
output then becomes the differential phase angle input to the second CORDIC.  The phase 
accumulator is clocked at the input sample rate of the CORDIC. 
 
The I channel output of the second CORDIC downconverter contains the baseband 2 kbps data.  
This data is half-band filtered (LPF) to remove the double frequency mixing product (present in this 
case since the Q input is zero) and passed along to an integrate and dump (I&D) filter and early-late 
gate bit synchronizer which provides clock and data recovery of the received 2 kbps data stream. 

 
 

MEASURED PERFORMANCE 
 

The S-band digital receiver architecture described in this paper has been constructed as an 
engineering brassboard and performance measurements taken.  Several key measurements are listed 
in Table 1 relative to their specification goal. 
 

Table 1.  Specification Goal vs. Brassboard Measured Performance 
 

Specification Description Specification
Measured 
Performance

Threshold at BER 1E-6  -117 dBm  -123 dBm (1,2)
Acquisition Threshold  -122 dBm  -138 dBm (1)
Acquisition Range  ± 94 kHz  > ± 110 kHz

Notes:
1.  Measured without S-Band front end filter; additional loss < 1 dB
2.  Measured without NRZ-L to M conversion; additional loss < 1 dB  

 



In addition, bit-error-rate (BER) performance was measured on the brassboard configuration.  Figure 
8 shows the error probability curve for the S-band receiver brassboard compared to BPSK after 
adjusting for noise figure and cable losses of the front-end (3.7 dB) and modulation loss due to the 
modulation format (4.1 dB).  The remaining difference in performance relative to BPSK theoretical 
is approximately 0.6 dB representing the digital implementation loss. 
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Figure 8.  S-band Receiver Brassboard Error Probability vs. Eb/No 
 
 

CONCLUSIONS 
 

This paper presented several digital receiver design techniques which are important in reducing size 
and power requirements for resource limited FPGA-based implementations.  The digital 
demodulator portion of this design was implemented entirely in VHDL and targeted for two 
radiation hardened Actel FPGA's suitable for spacecraft applications.  Finally, the use of VHDL and 
the reprogrammability of the target hardware allows the relatively easy addition of other waveforms 
or modes such as SGLS, TDRSS, etc. as requirements dictate. 
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ABSTRACT 
 
This paper provides an overview of software radio and its current state in the industry. Software radio is a 
technology in which all of the waveform processing, including the physical layer, of a wireless device 
moves into software. If designed properly, this approach leads to dramatically improved device flexibility, 
software portability, and reduced development costs. Of course, such a technology brings with it 
numerous challenges, from hardware components to power constraints to the regulatory environment. 
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INTRODUCTION 
 
In a combat zone in Grenada in 1983, a US officer stepped into a phone booth and placed a call to North 
Carolina. He asked his contact there to get a message to a unit near him in Grenada, one that belonged to a 
different branch of the US military.[1] This was the officer’s highly unorthodox (and now legendary) 
solution to a problem that bedevils military and public safety operations worldwide: radios that cannot 
communicate with each other. The different US military branches had acquired radios that used 
incompatible communications standards. 
 
Software radio was developed to solve this interoperability problem. Traditional radios use hardware 
circuits, fixed at the time of manufacture, to perform the high-speed signal processing tasks that convert 
back and forth between user data and the radio waveform. Software radio exploits advances in 
components such as digital signal processors and field-programmable gate arrays to make the hardware 
generic, and move all of the waveform-specific tasks into software. One software radio device can support 
a variety of communications standards, just as one PC can run a variety of software applications. 
Software radio has a number of benefits in addition to improving interoperability. 
 
• Reduced cost to upgrade fielded systems .The communications standard used by a device is field-

upgradeable through software downloads, over the air if desired. The economics of expensive 
infrastructure systems are particularly improved, since the cost of the hardware and deployment can 
now be amortized over a longer lifetime. 



 

• Shared infrastructure. A single hardware platform can be shared dynamically among multiple uses, 
with channel resources shifting among different communications standards as the load shifts. This 
significantly reduces the cost of infrastructure to support a mixture of legacy and newly deployed 
fixed-standard radio devices, as long as the duty cycles of the individual devices are acceptably low. 

• Better support for users with special needs. A developer can modify the communications standard of a 
device without investing in a new hardware design. Users who need relatively small volumes of 
devices, for whom the cost of custom hardware is prohibitive, gain the ability to improve their 
operations with devices optimized to their special needs. For example, a user may need to gather 
telemetry from equipment that uses a locally-developed or obsolete radio system. A manufacturer may 
need to improve communications in a facility whose particular electromagnetic noise environment 
makes standard waveforms perform poorly.  

• Reduced standards risk. A user can deploy expensive infrastructure or large numbers of mobile 
devices without locking in the communications standard that will be used. This insulates the user from 
potential changes in the standard and from market uncertainty. For example, an auto manufacturer 
who wishes to offer telematics (internet to the car) must commit to a hardware platform years in 
advance of vehicle introduction. Without software radio the manufacturer has to guess which data 
standard consumers will desire, which is a risky bet given the rate of change in the telecom industry. 

 
The variety of clear benefits of software radio technology has led to substantial governmental funding for 
a decade, and commercial investment in the last several years. 
 
 

HARDWARE TECHNOLOGY 
 
Figure 1 shows the components of a generic digital radio platform. 
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Figure 1. Hardware components of a digital radio 

 
 
The embedded computer handles the higher layers of the communications task, such as encoding voice or 
other analog signals as a stream of bits, packetization, routing, and retransmission after error. It exchanges 
a stream of bits with a signal processing stage, sometimes called a modem, which implements the physical 
layer of the communications task. For transmission, the signal processing stage computes a sequence of 
digital samples that represent the data bits according to the rules of the waveform in use. For reception, the 
signal processing stage analyzes the received samples and estimates the user data bits that were 
transmitted. The A/D and D/A data conversion stages perform the usual function. The transmit chain 
includes frequency upconversion from the low intermediate frequency output by the D/A converter to the 
high carrier frequency, as well as power amplification and filtering to eliminate out-of-band radiated 



 

energy. The receive chain includes filtering to reject interfering signals, low-noise amplification and 
frequency downconversion. 
 
When changing from a legacy fixed-function digital radio to a software radio, potentially every 
component in the radio except the embedded computer must evolve, depending on the desired level of 
flexibility and agility. 
 
• Signal processing. The signal processing stage must be software reprogrammable to implement the 

different algorithms required for different communications standards. This is a challenge because 
modern standards have extremely high computational requirements. Hence there has been a great deal 
of interest in using field-programmable gate arrays and other types of reconfigurable hardware as the 
computation engine. An AMPS/GSM dual mode cellular base station that uses digital signal 
processors for computation has been commercially available from AirNet for some years.[2] The most 
common computation engine in military software radios is one or several dedicated DSPs.[3] General-
purpose processors can also be used for the task.[4] 

• Data conversion. Radios that support multiple waveforms whose bandwidths are not the same need 
A/D and D/A data conversion stages with adjustable bandwidths. This is normally accomplished by 
combining moderately-adjustable data converters with a highly flexible digital down-converter (DDC) 
and digital up-converter (DUC) components. A DDC accepts a high sample-rate input stream 
representing a wide bandwidth signal and extracts one or a few desired bandwidth-selectable channels 
within it, generating a low sample-rate stream that is easier for the reprogrammable signal processing 
stage to handle. The DUC performs the inverse transformation for transmissions. 

• TX chain. The transmit chain of a software radio must be tunable across a range of center frequencies 
and bandwidths. This is challenging because the high linearity and low level of out-of-band emissions 
expected by users and regulators are normally achieved through careful analog design at a known 
frequency and bandwidth. One promising solution under research is to predistort the signal generated 
by the signal processing stage with the inverse of the nonlinearities introduced by the transmit chain. 

• RX chain. Similarly, the receive chain of a software radio must be tunable across a range of 
frequencies and bandwidths. The biggest challenge in the receive chain is to provide a highly selective 
filter that sharply rejects interfering signals just outside the selected band while having a widely 
tunable center frequency. The US military has funded a project (through DARPA) towards a novel 
MEMS-based solution.[5] The eventual result of this line of research could be a chip with many 
different microscopic tuning forks etched onto it to act as the filter resonators. 

• Antenna. The antenna needs decent gain in all bands of interest. For highly flexible software radio 
systems, for example covering low VHF up to the commercial PCS bands at 1.9 GHz, no technology 
is yet known that can affordably provide sufficient gain in a single antenna across such a wide range. 
Therefore the most flexible systems include multiple antennas and switch among them as required. 

 
Not all software radios need advanced technology in all of these component areas. Simpler systems use 
the same data conversion, transmit and receive chains, and antenna as fixed-function digital radios, but 
replace the dedicated circuitry of the signal processing stage with a software reprogrammable processing 
engine of some kind. Such a system is appropriate for applications where the frequency band and 
bandwidth are constrained by external factors (normally regulatory), but the user needs the flexibility of 
transmitting or receiving multiple waveforms. 
 
 



 

 

SOFTWARE TECHNOLOGY 
 
From the perspective of the potential user of software radios, the most important software issue is whether 
the implementation of the communications standard is portable across platforms and across hardware 
generations. If the software is not portable, the user loses the benefits of reconfigurability and field 
upgrades. If software is portable, the user additionally avoids lock-in to a particular hardware platform that 
will rapidly become obsolete as technology advances. Portability also significantly reduces the costs 
associated with deploying a waveform to multiple platforms. This is important for users that contract for 
the implementation of communications standards, such as a facility operator that needs a custom 
waveform to support legacy or locally-developed telemetry. 
 
Achieving portability across platforms from multiple vendors requires standards. Standardization of the 
embedded computer software and operating environment is well along, while standardization of the signal 
processing software is much less advanced. The former is the subject of the Software Communications 
Architecture (SCA), developed under the sponsorship of the US military, specifically the Joint Tactical 
Radio Systems Joint Program Office (JTRS JPO).[6] Compliance with the SCA is mandatory for the next 
major set of US military radio procurements. The wide military use of this standard will encourage its 
adoption for commercial software radios, although it remains to be seen whether the advantages of 
complying with the standard sufficiently outweigh the associated costs, primarily CPU consumption, for 
commercial applications. 
 
Standardization of the signal processing software operating environment is less advanced because of the 
high computation requirement of the signal processing task and resulting low level of the software 
normally written to carry it out. The software may be an FPGA map or other low-level hardware-specific 
construct, if the signal processing engine is not a DSP or general-purpose CPU. Even if a standard CPU is 
used, the code may need to be optimized for performance to the point that it is no longer portable. Efforts 
at standardization are just beginning within the context of the Software Defined Radio Forum. 
 
 

REPRESENTATIVE IMPLEMENTATIONS 
 
To make the above discussion more concrete, we now describe a few software radio implementations 
from Vanu, Inc. 

 
Powered User Equipment: For user environments where 
power is available, a COTS motherboard or custom 
designed board using COTS components can be used. 
The current Vanu demo system is a standard PC with a 1 
GHz Pentium III, dual-channel PC133 memory, Echotek 
A/D and D/A cards, and an external RF front end for 
frequency conversion. This system has been used to 
demonstrate reception and, where applicable, 
transmission, of legacy AM and FM broadcasts, family 
band walkie-talkie, APCO 25 (a North American digital 
law enforcement standard), 1G and 2G cellular 



 

standards, and NTSC television. 
 
Handheld User Equipment: Vanu built a research 
prototype of a battery-powered handheld system for 
the DoD JTRS program.[7] It is a custom board with 
a 200 MHz StrongARM 1110, dual-port RAM, and 
a FPGA that interfaces to a host PDA and to a 
separate RF-to--digital board that provides channel 
selection. The system supports the IS-136 2G 
cellular standard in addition to less-complex legacy 
standards. (The wings to the left and right of the 
iPAQ shown are to support test probes and to create 
separate power supplies for major system 
components for test and measurement purposes.) 
Vanu is presently building a similar system in which 
the signal processing is performed natively in the 
PDA’s StrongARM processor. The user can simply attach the RF front end to the PDA to turn it into a 
multi-mode radio. 
 

Infrastructure Equipment: Vanu’s proof-of-concept 
implementation of a cellular telephone base station 
consists of a COTS 1U rackmount server with two 
1.8GHz AMD x86-compatible processors. Scalability is 
provided by gigabit ethernet links between multiple 
servers if required. The control component runs on a 
single processor and communicates to the signal 
processing components using CORBA. The system uses 
standard cluster techniques to detect and recover from 
the failure of any signal processing server.[8][9] 
 

 
The same software runs on all the radically different hardware implementations of the Vanu system 
architecture. Furthermore, in platforms other than the handheld, all hardware except the transmit front end 
is acquired as COTS equipment (at the component, board or box level) that are plugged together without 
any hardware design work. These features make Vanu systems fundamentally different from legacy radio 
architectures, where the software is intimately tied to the hardware and building a new radio always starts 
as a hardware design problem. 
 
 

BARRIERS TO ADOPTION 
 
Software radio has already been adopted in some markets, notably military. In commercial markets, the 
primary barriers to adoption are cost, power consumption, and FCC certification. 
 
• Cost. Unsurprisingly, existing mainstream markets focus on applications where the flexibility offered 

by software radio is not absolutely necessary. In such applications, the additional cost to provide 



 

reprogrammable signal processing or agile transmit and receive hardware is difficult to justify. 
Therefore the initial adoption of software radio is occurring in niche markets. As the volume of 
software radios shipped continues to increase, the cost can be expected to drop to competitive levels. 
However, the transmit and receive chain components pose a particularly challenging chicken-and-egg 
cost problem. Fixed-function radios benefit from highly integrated transceivers at very low unit cost. 
Most of the technology needed for a highly integrated and low cost yet agile transceiver exists, but the 
companies that could develop one are waiting for the market to prove its potential before investing the 
tens of millions of dollars needed to develop such a product. To break the chicken-and-egg cycle, 
software radio companies are building board-level integrated transceivers and driving their cost down 
in order to grow the market. 

• Power consumption. A software reprogrammable processing engine flips more transistors than a 
dedicated circuit does to perform the same computation. Power consumption can easily be a factor of 
ten higher when comparing dedicated circuits to portable software for a DSP or GPP. This rules out 
software radio at present for most battery-powered applications. Hope lies in the high R&D 
investments that continue to be made by the major manufacturers to improve the battery life of PDAs. 
This effort will result in components that work equally well to provide a long battery-life software 
radio. 

• FCC certification. The FCC is very supportive of software radio, as the flexibility and economic 
benefits associated with software radios will work to improve the overall efficiency of spectrum usage 
over time. However, the FCC is cautious about any new technology, and software radio has proved 
particularly challenging in a number of respects. The FCC is concerned that these devices not make it 
easier than it is at present for software faults, hackers or viruses to cause a radio to transmit out of 
compliance. The FCC issued its first Report & Order regarding software radio in September 2001.[10] 
No devices have yet been certified under the new rules so it is unclear what measures to protect 
against faults and hackers will be judged sufficient. 

 
 

SUMMARY 
 
Software radio is ready today for certain commercial applications. In particular, in cases where power is 
available, and the device either needs to communicate using multiple standards, or needs field 
upgradeability, or the user needs a specialized waveform in relatively low volume, software radio is likely 
to be the technology of choice. It seems likely that many telemetry applications would be good candidates. 
Ongoing progress in component technology, software standards, and the regulatory environment will 
steadily grow the markets to which software radio is applicable. 
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ABSTRACT 
The scope of the problem with generalized linear power amplifiers is herein addressed.  In this paper, 
after an introduction to the problem of linearity and power amplifiers is addressed, a survey of various 
design issues from PA topology, materials, and linearization electronics is given.  Following this, a 
look toward future work in this very active area of current research is also offered. 

1. INTRODUCTION 

In this paper, a core problem that continues to confront the successful development of a true software 
defined radio (SDR) is addressed – that is the ultimate broadband linear power amplifier (PA).  The 
PA is a critical system element in the design of any two-way radio system.  However, the PA is even 
more critical in the successful design of a software definable radio.  A software definable radio must, 
in theory, be capable of handling many different types of waveforms, many different bandwidths, 
many different bands, and even many different transmission and reception power levels.  It is now 
feasible to design electronics to handle most functions of the SDR with a very notable exception of the 
power amplifier. 

Why the power amplifier is truly a bottleneck to a flexible radio system design will be discussed in 
Section II.  In Section III, various parameters of interest relating to the control and response of the PA 
are briefly noted.  In Section IV, a brief overview of types of power amplifiers is given.  Section V 
introduces various semiconductor materials used in the fabrication of power amplifiers.  Section VI 
reviews the basic topology of a single transistor based power amplifier design.  In Section VII, an 
overview of current electronic PA linearization techniques is offered.  The many techniques developed 
to date have been well papered (both in publications and in patents) - see [1], [2], and [3] and the many 
references therein for starters.  Volumes have also been written on the subject.  It is apparent that 
current PA technology has required the deployment of such techniques for various design 
optimizations.  Finally, Section VIII concludes with a look toward the future with promising new 
materials technologies that, when coupled with appropriate linearization electronics, indeed one day 
may yield a truly linear power amplifier for SDR. 

2. THE PA BOTTLENECK:  WHY LINEARITY IS BOTH IMPORTANT AND DIFFICULT 

The power amplifier, usually based on a very small number of transistors (typically two at most – more 
commonly only one), is critical to the proper generation of radio signals for the transmitter part of the 
radio.  Ideally, we would like to believe our radio system to be completely linear throughout the 
transmitter signaling chain.  Usually, as a matter of consequence from design with imperfect 
components, linearity is extremely difficult to achieve.  Even though linearity may be approached in 
the small signal design region of the radio, it is exceedingly more difficult to maintain the level of 
linearity in large signal amplification. 



Approximate linearity can be reached easily when a PA is operated “backed-off” and transmit 
modulated signals are constant envelope [1], [2].  Backed-off implies the transistor part of the PA 
design is kept biased and operated in such a way that it does not enter the saturation region of its 
operating characteristics (typically we would rather not operate it in cut-off either as this causes the 
familiar concept of switch ringing which translates to increased spectral re-growth).  Recall that a 
forward biased transistor typically has three forward biased operating regions – cut-off, linear, and 
saturation and has two reverse bias operating regions – reverse-bias small signal and reverse-bias 
avalanche breakdown.  Most PA transistor classes are operated in the forward biased mode.  {In 
saturation, an infinitely more amount of voltage drive will not cause additional current increases as 
illustrated in Figure 1.} 
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Figure 1:  Basic FET Transistor I/V Curves 
 

2.1  Modulation Peak-to-Average Ratio 
Radio communications waveforms in general should not be constrained to have constant envelope 
features associated with them.  The parameter that is a measure of the amount of non-constant 
envelope is called the peak-to-average ratio.  Typically measured in dB, the peak-to-average ratio is 
defined as the ratio of peak power to average power in the modulation portion of the signal (it does not 
involve the carrier in any way).  Many waveforms have moderate peak-to-average ratios while some 
waveforms, such as wideband code-division multiple access (WCDMA) signaling, can experience 
peak-to-average ratios of 12 dB or more (depending on traffic conditions).  Such a situation presents 
difficulties to the PA designer trying to optimize for several design parameters. 

2.2 Back-off Useful Range 

Additionally, a PA transistor cannot necessarily maintain a proper “backed-off” operating point over 
the full range of temperatures and frequencies it may be expected to operate.  This problem is nearly 
completely decoupled from the modulation peak-to-average ratio problem because the problem is also 
manifested for constant envelope modulation [1].  These problems add in the SDR in such a way that 



make the general software defined radio prohibitive without special consideration for the design of the 
PA and its surrounding electronics.  Current trends involving design of power amplifiers    

3.  BRIEF OVERVIEW OF PA PARAMETERS OF INTEREST 

Various PA parameters relevant to the design of radio systems are now described herein.  These are 
PA specific design parameters and are thus the parameters that a PA designer would be most 
concerned with in the course of designing an isolated PA to given specifications.  It is important to 
note that PA parameters can be optimized within a trade-space.  Most modern PA designs are therefore 
optimized for specific use cases. 

The power amplifier transistor itself, like any electronic component, has certain key parameters that 
govern its performance in a system.  Broadly speaking, three categories of parameters provide useful 
information about the performance of any amplifier device or subsystem:  Device level parameters 
(transistor alone), sub-system level parameters (transistor plus basic control circuitry) and system level 
parameters (transistor operating in entire system).  Device or subsystem related operational parameters 
are generally provided, measured and/or calculated by device or subsystem manufacturers.  
Performance related parameters are most often specified and verified by the communication systems 
designer. 

Device level parameters include parameters typically related with transistors and include such 
parameters as (device current gain), VBV (reverse breakdown voltage), (device transconductance or 
mobility parameter), Idq (drain bias current), etc.  These parameters specify characteristics that are 
common to the process on which the semiconductor transistor was fabricated, such as a GaAs 
(Gallium-Arsenide) process or bipolar MOS (metal oxide semiconductor) process.  Device parameters 
are generally somewhat consistent from fabrication within a lot.  Lot to lot variations of semiconductor 
parameters can be somewhat controlled consistency, but are generally not nearly consistent enough to 
provide the required linearity performance demanded by modern communications systems.  It is 
important to note, recalling Figure 1, that transistors are inherently non-linear to begin with and the 
inherent device non-linearity is further aggravated by thermal issues and charge trapping, both of 
which contribute to non-linearity that is not time stationary [microwave journal article].  However, 
system level parameters can be controlled to consistency with the use of clever control and 
linearization circuits targeted toward tracking and controlling device level parameters.  Further detail 
about device parameters and various theoretical and empirical formulae that describe the device in 
terms of these parameters can be found in [5] and [6], among many others. 
 
System parameters particular to power amplifiers that provide important information about overall 
system level performance include parameters common to other RF circuits, such as IIP3 (third order 
intercept) and noise figure.  These parameters convey component or subsystem performance 
information involving the power amplifier to the rest of the system for a figure of merit that can be 
derived for the entire signaling chain of a communication system.  Other PA figures of merit include 
power added efficiency, gain, and linearity.  Typically, these figures of merit are relegated to the 
power amplifier subsystem designer for optimization thereof.   
 

3.1 Linearity 
 



The two most important PA characteristics the system designer will be interested in are (in order of 
importance) linearity and efficiency.  Linearity is often summarized for the PA by the IIP3 (input 
referred third order intercept point) and P1dB (1 dB compression point) parameters. Although these 
parameters do not offer the complete portrait of the PA’s non-linearity, they do serve as a guideline for 
link budget and design margin calculations.  Linearity determines the amount of spectral re-growth, in 
adjacent channels, that will occur when transmitting modulation signals.  Linearity also determines the 
overall accuracy of the transmitted modulation.   
 
The IIP3 point directly determines the signal dynamic range available to the signal through the PA.  
IIP3 is given by the following expression [2], [4]: 
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Where α1 represents linear gain and α3 represents third order distortion term gain and Rs is the source 
resistance.  The ideal linear circuit has IIP3=∞.  With such an IIP3, a signal of infinite amplitude can 
pass fully undistorted through the circuit.  In other words, high IIP3 translates to equally high signal 
dynamic range of the circuit and to correspondingly low distortion.   

P1dB is given by [2], [4]: 

( )
s

dB R
P 110

9
2 05.0

3

1
1

−=
α
α

                          (2) 

The P1dB point is the input power required to drive a desired output signal 1 dB into compression. That 
is, P1dB is the input power level, which will cause the linear output power to be off by 1 dB from what 
it should be given perfect linearity.  Similar to IIP3, the perfectly linear P1dB is infinite (which says that 
no matter how hard we drive input power, the output power perfectly reflects input power through a 
constant gain).  Of course no such perfect devices exist (except on paper) and thus these parameters 
give an indication of the distortion present in real devices or amplifier subsystems. 

3.2 Efficiency 

Efficiency is nearly as important as linearity as it translates into cost.  It is extremely difficult to 
optimize a PA for both linearity and efficiency.  This is because in the linear operating region of a 
transistor, current is given up equally (or nearly so) with voltage and thus the transistor dissipates heat 
just like a resistor in its linear operating region, causing inherent inefficiency.  On the other hand, if a 
100% efficient (or nearly so) device is required, then the best one can hope for is to operate the 
transistor as a switch, where, in the “off” and “on” states, it acts as a theoretical high impedance and 
spends little time in the linear region.  This becomes a problem for linearity because the transistor is 
either operating in cut-off or saturation and never in between, where the linear region is of course. 

Basically, two types of efficiency number calculations describe the overall efficiency of the PA:  
Power efficiency, calculated as [4] 

supply

load

P
P

PA =η ,                      (3) 



simply describes the power delivered into the load (e.g. antenna) from the total power supplied to the 
PA (from the combination of supply and driver stage power input power).   

The other important efficiency term is the power added efficiency or PAE.  PAE is calculated as: 
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and describes that power added by the PA transistor alone, from the total power supplied, discounting 
any input power provided by the driver stage.  PAE is just an isolated measure of what power is 
provided by the PA transistor alone.   

Efficiency is a secondary concern usually wrapped up in power budgets and component costs, and is 
thus more of a business driven parameter, whereas linearity, on the other hand, directly applies to the 
distortion performance of the communication system transmitter design and thus determines whether a 
given design will meet fundamental operating requirements. 

4. CATEGORIES AND TOPOLOGIES OF POWER AMPLIFIERS 

Although a number of classes of power amplifier operation have been characterized, only three of the 
more relevant types for SDR will be discussed here.  Recalling the basic shape of the transistor Vin/Vout 
curve family (see again Figure 1), it can be seen that there are a continuum of possible operating 
regions given a range of input voltage (or current).  The operating point, set by proper biasing of Idq, 
defines the amplifier type.  Three classes of power amplifiers commonly found in communication 
systems are now described. 

4.1 Class A 
The class A amplifier is operated in a bias condition such that no matter what range of input signals is 
presented to the class A PA, it will remain in the linear region of operation.  The quiescent operating 
supply current (the current present in the transistor drain) is the current value when the input voltage 
transitions through zero and is strictly non-zero in class A operation.  The general topology is of the 
class A PA is shown in Figure 2 [4] below. 
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Figure 2:  Class A Amplifier Topology 
 

Notable in the topology are the common source configuration (to optimize efficiency), the RF choke 
inductor (to limit power supply induced RF ripple due to amplification), the DC blocking capacitor (to 



AC couple to match stage and prevent bias point perturbation), the bias circuit (to force the operating 
point of the gate to a certain voltage) and the impedance matching output circuit (to ensure optimized 
energy transfer into the load).  It is also common to connect a tuned tank circuit in parallel with the 
load in order to achieve high gain and further reduce distortion.  This is also shown in the basic 
topological diagram of Figure 2.  Linearity of the class A PA is highly dependent upon the fabrication 
material and bias conditions and is usually obtained (by measure of calculation) from manufacturers’ 
data sheets.  Efficiency of the class A PA ranges as 30-45%.  
 

4.2 Class B 
Class B operation is more efficient than class A, but less linear.  In class B operation, Idq, or the 
quiescent drain current, is biased into the cut-off region of the transistor.  During negative half cycles 
of the voltage waveform, the drain current is zero since the transistor is in cut-off.  The output voltage 
will still swing positively (the gate-to-source voltage is always positive).  This bias condition causes 
the voltage to swing with positive RMS voltage, whereas the current swings with typically less than 
half the RMS current of class A operation, thus increasing the efficiency to π/2 times that of class A.  
The same topology is used as in class A with the exception of bias circuitry.  Class B, like class A, is 
considered linear operation, even though the current supply waveform is have-wave rectified which 
does in fact introduce some mild non-linearity usually seen as slightly increased IIP3. 
 

4.3 Class F 
Class F operation is a fully non-linear operation of the power amplifier.  Class F amplifiers are driven 
into non-linear saturation and thus produce a limiting effect on the input signal, causing harmonic 
distortion to varying degrees.  The basic topology of the class F PA is shown in Figure 3 [4] below: 
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Figure 3:  Class F Amplifier Topology 

The tuned LC tank seen in the topology of the class F is, unlike class A and class B operation, not an 
optional circuit.  It is required to harmonically select the desired carrier signal from the PA output.  
The quarterwave transmission line shown acts as an even harmonic blocker and thus causes the PA to 
act as a square-law device to the LC tank circuit.  The action then of the tank is to select the carrier 
from the large number of overtones generated by the square-law effect.  Class F can be operated at 
100% efficiency.  The main drawback of class F operation is that it does not perform well for anything 
other than constant envelope modulation.  Any significant non-constant envelope modulation 



introduces severe spectral re-growth.  This property thus limits the scope of class F amplifiers.  They 
are still useful and used, however, in many narrowband constant envelope modulation schemes. 
 

4.4 Hybrid and Other Classes 
There are also classes of PA operation, such as the class AB operation, which is a hybrid combination 
of class A and class B operation.  A device operating in class AB will exhibit some characteristics of 
class A in some operating modes and exhibit class B in other operating modes.  Such combination 
classes can be used to attempt to optimize linearity and efficiency within certain design constraints.   

Similarly to hybrid classes, there are other classes, such as class E and S.  Class S is a completely 
switching amplifier, often used in power supply design.  Class E is a more complicated forward biased 
class S.  Also, classes C, D, G and H exist as variations on class S [1]. 

5. MATERIALS FOR LINEAR POWER AMPLIFIER TRANSISTOR DEVICES 

Materials commonly in use to fabricate the PA transistor and that govern its operating characteristics 
such as linearity, efficiency, power gain and maximum frequency of operation include doped silicon 
(used to fabricate both bipolar junction and MOS FET transistors), gallium-arsenide (GaAs) and more 
recently silicon-germanium (SiGe – silicon doped with germanium).  SiGe is used for lower power 
applications that require enhanced speed and lower power consumption, while variations of MOS (e.g. 
LDMOS – laterally diffused MOS) and GaAs are used for higher power applications.  GaAs is 
currently almost used exclusively for high power and high frequency operation. 

Due to space limitations, it is beyond the scope of this paper to discuss the semiconductor structural 
geometries and related to the solid-state physics attached thereto, important though it is.  The 
interested reader is referred to any of a number of fine references on this and related topics.  See for 
example [5], [6]. 

6. LINEARIZATION ELECTRONICS:  THEORIES, TECHNOLOGIES, AND TOPOLOGIES 

Transistor materials provide the basic underlying physics of the amplifying transistor for a PA.  The 
rest of the PA design, which causes the power transistor to operate with desired characteristics, is up to 
the PA subsystem designer.  Typically, in addition to matching networks, bias control circuitry, and 
power supply, the PA subsystem designer is concerned with some aspect of linearization and/or 
efficiency.   

In order to understand more about the problem of linearization, it will help to examine just what the 
effects of non-linearity are on signals.  To see the effects, some signals and spectra before and after 
non-linearity of the PA are shown.  In Figure 4, a QPSK signal constellation with transitions is shown.  
This signal is modulated baseband straight out of a QPSK modulator.   

In comparing Figure 4 with Figure 5 the effect of a non-linear PA using a GaAs FET on the QPSK 
signal emerges.  Distortion effects can be clearly seen as peak squashing (gain compression) and 
rotation (phase shifting).  Such warping distortion makes it difficult for a receiver to recover the signal, 
especially when the non-linearity has been passed through a channel with memory effects [8].  Most 
channels indeed produce memory effects, which further complicate any non-linear effects produced by 
the transmitter. 



 

Figure 4:  QPSK Signal Constellation at Modulator 
 



 
Figure 5:  QPSK Signal Constellation After PA 

 
6.1 AM-AM and AM-PM Conversion 
PA non-linearity is most commonly summarized as AM-AM and AM-PM conversion [kensington].  
AM-AM (AM-to-AM) conversion is the direct result of gain compression, which can easily be viewed 
from the Pout / Pin curve (gain curve).  P1dB is a point on this curve.  Compression is easily seen in the 
gain when the transistor starts to operate into the saturation region.  PA output spectrum is generally 
more sensitive to gain compression.   

AM-PM conversion is an indirect result of gain compression and operation of the transistor in 
saturation.  As the PA is operated in more and more gain compression, its amplitude becomes limited 
and a resulting effect of this limiting shows itself as additional phase shift.  The characteristics of the 
additional phase shift can be quite pronounced.  AM-PM causes the most damage to EVM (error 
vector magnitude), which is a measure of the accuracy of the modulation through the transmitter [9].  
Figure 6 shows a measured AM-AM and AM-PM characteristic as a function of input power as 



measured in GaAs MESFET power transistor using a network analyzer.  The non-linear profile of the 
PA over input power range is seen clearly from these graphs. 

 

Figure 6:  QPSK Signal Constellation After PA 

Figure 7 shows a spectrum calculation before and after the PA of the broadband QPSK modulation 
from Figures 4 and 6.  Before the PA, the spectrum is contained within its original bandwidth of 3.84 
MHz.  After the PA with AM-AM and AM-PM characteristics of Figure 6 the spectrum is computed 
and overlaid in blue.  Spectral re-growth arising from gain compression can clearly be seen.  At 5 MHz 
offset from center, a re-growth term of approximately 25 dB is now added, which severely impedes 
signaling in the next channel. 



 

Figure 7:  QPSK Spectrum Before and After PA Non-linearity 
 

6.2 Other Forms of Non-linearity 
Other forms of non-linearity (other than AM-AM and AM-PM conversion) exist in the PA.  For 
instance, the frequency response is the PA transistor is non-constant with frequency.  Not only is non-
constant with frequency, but it is also not a linear phenomenon with frequency.  The frequency 
response is highly non-linear in fact.  In Figures 8 and 9 a frequency response of an LDMOS transistor 
as measured at ambient conditions and in terms of AM-AM and AM-PM is shown.  Clearly, this 
transistor does not exhibit linear behavior over frequency.  The problem is further exacerbated by 
thermal fluctuation, which is inevitable in any practical design. 
 



 
Figure 8:  Frequency Response of AM-AM for LDMOS PA Transistor 

 

Figure 9:  Frequency Response of AM-PM for LDMOS PA Transistor 
 
 
 



 6.3 Non-linear Modeling 
PA non-linearity modeling is the subject of numerous articles, books, papers, and patents.  The most 
popular techniques for modeling non-linearity have made their way into software CAE tools.  The two 
most popular analysis models for PA non-linearity for large carrier with constant envelope modulating 
waveforms are harmonic balance and large-signal-small-signal analysis techniques [Maas].  For 
modulation that is small signal and/or non-constant envelope, the power series and Volterra series 
models work best [Maas].  All models are rooted in the basic polynomial expansion describing a signal 
through an nth order non-linear distortion.  The basic expansion is given as [1]-[3]: 
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where n is typically infinite for a real circuit, although the non-linearity expression is usually truncated 
for practical modeling reasons and because the non-linearity terms become vanishing small for large 
orders in the typical cases.  Also note that the expansion in (5) can be readily solved for a given circuit 
given one to two pure sinusoidal (or exponential) inputs, tedious though it may be.  For arbitrary 
complex modulation, however, the expression becomes unwieldy and therefore the use of numerical 
techniques becomes imperative. 

Non-linear modeling techniques have made their way into software CAE tools.  The two most popular 
analysis models for PA non-linearity for large carrier with constant envelope modulating waveforms 
are harmonic balance and large-signal-small-signal analysis techniques [4].  For modulation that is 
small signal and/or non-constant envelope, the power series and Volterra series models work best [4].  
All models are rooted in the basic non-linear expansion of equation (5). 

In Figure 10, a polynomial model is estimated for the GaAs MESFET PA non-linearity shown in 
Figure 6.  It can be seen that the degree of the approximation polynomial indeed contributes to model 
accuracy.  A 3rd through 11th order polynomial model (in odd steps) is calculated for the gain 
compression effect.  In Figure 11, the same QPSK spectrum shown in Figure 7 is shown with a model 
derived from an 11th order polynomial and used to predict the average (in MSE) spectral re-growth due 
to the AM-AM effect of the PA. 



 

Figure 10:  Polynomial Approximation to the PA AM-AM Non-linearity 
 

 
Figure 11:  QPSK Spectrum Before and After PA Non-linearity Compared to Model (red) 



 

6.4 Linearization Techniques 
Linearization techniques, the goal of which is to somehow cancel all higher order terms in equation (5) 
so that only the linear term, α1x(t), remains after amplification by the PA, fall into three main 
categories (and additional hybrid categories).  The techniques fall into fairly standard, as one might 
guess, feedback cancellation and feedforward cancellation categories.  Additionally, there is a category 
called predistortion that a number of linearization techniques fall into.  Feedback techniques utilize the 
feature of a closed loop to provide canceling signals at or before the source input to the PA.  
Feedforward techniques attempt to discover the non-linearity along the transmit signal path and 
subtract an amplified version of it from the PA output.  In predistortion linearization techniques, an 
attempt is made to characterize the PA non-linearity function in terms of its parameters (e.g. gain and 
phase compression characteristics) and use the inverse non-linearity as a pre-warping function inserted 
somewhere in the PA input signal chain.  Extensive detail on PA classes, design theory and 
linearization theories can be found in [1], [2].  A brief discussion of each category of linearization 
techniques will be given here. 
6.4.1 Feedback Methods 
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Figure 12:  Feedback System 

Several feedback methods have been developed and some remain in service to date [1].  Probably the 
earliest PA feedback linearization technique proposed and subsequently deployed was the Cartesian 
loop [10].  The Cartesian loop, like most feedback techniques in general, rely on a simple principle of 
attenuation feedback to develop an error term that is close to the desired signal.  The basic idea can be 
reduced to Figure 12.  In this figure, three elements can be seen – the PA (which has presumed 
distortion with gain G), the attenuator (with gain of 1/K) in the feedback path, and the voltage (or 
current) subtracter.  The action of the loop is to produce an attenuated version of the ideal signal, x(t), 
at the PA output based on the feedback formula: 
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This occurs because G >> K so that G + K ≈ G to a reasonable degree and therefore the output is: 

)()( tKxty =                (7)  

The only drawback is that the output signal gain, K, is much less than the PA gain, G.  This usually 
means a significantly larger transistor than would otherwise be necessary is required to obtain the 
stability and reliability provided by this family of techniques.  Some clever feedback processing can 
sometimes alleviate the drawback, as seen in the distortion feedback method.  Figure 13 illustrates the 
distortion feedback technique.  It can be seen from the figure that feedback from the PA is passed 
through variable gain and phase attenuators that attempt to isolate just the distortion component.  The 
input signal is used as a reference for a distortion-free signal.  The subtraction is made and gain 
adjusted and then re-coupled to the input of the PA. 
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Figure 13:  Distortion Feedback System 
 

6.4.2 Feedforward Methods 
Feedforward techniques [1]-[2] are much less popular in practice because of the significant effort 
involved in calibrating, generating, and amplifying the correction term.  The basic idea is illustrated in 
Figure 14.  The input signal is split into the PA input and a delay compensated subtracter.  The PA 
output is coupled into a main output path (further delay compensated) and into the subtracter.  The 
subtracter subtracts isolates the distortion from the PA, is further amplified by the error amplifier and 
re-coupled with the main amplified signal path to provide the distortion compensation. 
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Figure 14:  Feedforward System 
 

6.4.3 Predistortion Methods 
Predistortion techniques, though conceptually simple in practice to implement, rely on accurate 
measurement of PA parameters to implement properly.  The basic concept is illustrated in Figure 15.  
The idea is to create a counter distortion function (or pre-warping function) that mimics the inverse of 
the non-linearity present in the PA.  This pre-distortion function is typically nothing more than a look-
up table containing the inverse Vin vs. Vout curve that the PA will produce.  The function can be 
implemented at RF, IF or in baseband.  Baseband predistortion inserts the inverse non-linearity directly 
on the complex modulation format and is thus operated in the I/Q domain, which requires the use of a 
complex multiplier (among other elements).  In Figure 16, an input signal spectrum is shown on the 
same scale with the spectral re-growth due to AM-AM alone, then due to AM-AM and AM-PM 
conversion, and then finally the cancellation spectrum due to a predistorted version of the original 
signal. 
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Figure 15:  Predistortion System 



 

 

Figure 16:  QPSK Spectrum Before PA Non-linearity and After AM-AM, AM-AM plus AM-
PM and Predistortion 

 
6.4.4 Other Methods 
A significant body of methods that are not quite feedback, feedforward, or predistortion techniques 
(but often hybrid combinations of one or more of these techniques) does exist.  Such techniques deploy 
fancy signal processing techniques to achieve linearity.  Examples are envelope elimination and 
restoration, LINC, and vector locked loop methods.  Each technique has its own set of advantages and 
disadvantages.  More details can be found in [1].   

6.5 Performance Criteria 
Linearity, stability and reliability performance of the linearized PA is ultimately measured statistically 
in terms of power accuracy, adjacent channel spectral re-growth, and EVM (error vector magnitude).  
Standard spectrum calculations are made from the demodulated signal using the FFT to determine 
adjacent channel spectra.  Power accuracy is usually determined with a transmitter tester that is 
capable of demodulating.  Finally, EVM is calculated from the demodulated constellation in a 
statistical averaging sense.  The RMS error vector is defined by ETSI [11] as: 
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where Sideal(k) are samples of the ideal transmitted modulation waveform and 
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is the residual error on sample Sideal(k) when compared with what was measured from the transmitter.  
E(k) is essentially a magnitude and phase vector offset from ideal in the I/Q modulation domain.  
Practical calculations for EVM, given transmitted and reference signal samples, using available 
software tools such as MATLAB® from The Mathworks are given in [9]. 
 

7. ON THE HORIZON:  PROMISING NEW MATERIALS AND TECHNOLOGIES 
 
Recently, a plethora of new materials for fabricating power amplifier transistors has shown promise 
[spectrum].  Silicon-carbide (SiC), indium-phosphide (InP), and gallium-nitride (GaN) materials have 
made their way to the forefront of active research and development for a number of companies, as 
indicated in [12].  Such materials promise the possibilities of high power, high efficiency and high 
linearity within the same transistor over a wide range of operating conditions.  GaN for instance 
combines the properties of wide bandgap, high electron mobility, and thermal stability to provide the 
desirable features of high reverse breakdown voltage (from the wide bandgap), high current density 
and fast switching (from mobility), and stability over temperature. 
 
No matter what type of material is used in the future for the power transistor, however, linearity will 
never perfectly be achieved.  Due to the sheer speed of this new lineup of materials, however, equally 
advanced, yet parsimonious, linearization schemes will certainly be required to push performance 
levels to new extremes demanded by SDR applications.  The path taken by such endeavors is bound to 
lead to the possibility of a true SDR capable PA component that exhibits linearity over a wide range of 
optimization parameters such as carrier frequency, temperature, input voltage, and modulation formats. 
 

8. CONCLUSIONS 

In this paper, the power amplifier has been examined in the perspective of systems engineering, along 
with some its non-linear properties.  The power amplifier transistor has fundamental physical 
limitations which cause non-linearity to occur.  A PA transistor cannot easily be made linear over a 
significant operating bandwidth, temperature range, or a dense set of modulation schemes.  These 
limitations combine to limit the effectiveness of the PA as a general SDR component.  It may be 
possible with the use of new materials such as InP combined with advanced linearization electronics, 
that a generic SDR PA element can indeed be constructed.  Only the future will tell. 
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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 
demonstrated significant improvement in the performance of low-cost Global Positioning System 
(GPS) based Time-Space-Position Information (TSPI) tracking hardware that can be used for 
world-wide test and training.  Acquisition times of less than 3 seconds from a cold start and tracking 
dynamics to over 60 Gs were demonstrated.  The design of a programmable Flight Termination Safe 
and Arm device has been completed.  This paper discusses the progress of the program during the 
past year and the efforts planned for fiscal year 2002. High dynamic testing results of GPS and 
Inertial measurement Unit (IMU) devices and problems encountered are discussed. 
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INTRODUCTION 
 

The JAMI project 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 has progressed from a concept to demonstrated and working hardware and is not in the 
integration phase of the program including missile, target, and ranges. 
 
 



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. Commercial GPS receivers are now available that can 
track through linear accelerations of almost 20 G.  Since the JAMI requirement included 
accelerations of up to 50 G, a new GPS technology was investigated that could provide the tracking 
performance of a translator at one fortieth the bandwidth.  Tests of this new technology indicate 
tracking performance above 200 G may be possible. 
 
JAMI also has the responsibility of providing a robust missile tracking system that can be integrated 
onto national ranges. 
 

JAMI 2002 PROGRESS 
 
The JAMI Project demonstrated significant technical progress during the past year in several areas 
including high dynamic GPS tracking, robust IMU processing, ground based data processing, and 
flight safety equipment development and testing. 
 
GPS Technology Development-  As reported last year1, a novel GPS technology developed by 
Parthus Ltd. UK, was developed and tested.2  The initial tracking unit was dubbed the Position 
Location Sensor or PLS.  Extensive testing of the PLS have now been completed and the tracking 
performance has proven to be exceptional.  Testing using a GPS simulator using a spiral trajectory 
with a constant velocity of 900 m/s have shown that the PLS will track through accelerations of over 
250 G.  While this dynamic performance is impressive several areas were noted where improvement 
is necessary.  These areas include an optimization of the Fast Fourier Transform process of finding 
satellite center frequencies and thereby reducing the Time to First Fix (TTFF) and a reduction in 
power consumption to less than 2 watts. 
 
Based on the success of the PLS proof-of principle design, the JAMI project awarded a follow-on 
contract to Parthus Ltd. to develop a custom Application Specific Integrated Circuit (ASIC) that 

would provide enhanced performance needed for missile 
applications.  This design will be completed in the Fall of 
2002 and will be integrated with a newly developed RF 
ASIC that will provide at least 3 dB of carrier to noise 
performance improvement.  The new high dynamic GPS 
Sensor Unit (GSU) is anticipated by the Summer of 2003. 
 
Low dynamic missiles and most targets are capable of 
acquiring GPS satellites prior to launch.  An improved GPS 
receiver was designed for JAMI that met the objectives of 
low cost, operation at weapon levels of vibration, shock, and 
temperature, and small size.  The unit, as shown in Figure 1, 
has been tested from –40 to 80 C and at random vibration 

levels of over 20 G rms.  The outputs messages are Missile 

 

Figure 1 GSU-1 GPS Receiver 



Application Condensed Message (MACM) for raw GPS measurements, Missile Application Timing 
Message (MATM) for time tagging vehicle events, and a minimal Position-Velocity-Time Message 
(PVTM).  
 
JAMI TSPI Unit-  The JAMI project will provide a high and low dynamic version of a TSPI unit 
for missile and target testing. The TSPI unit concept was identified early in the JAMI project and 
envisioned to be a small (13 cu in) unit that would provide GPS and Inertial Measurement Unit 
(IMU) data to the ground for further processing.  A novel approach for accumulating IMU 
measurements was developed that allows the ground processor to reconstruct the vehicle trajectory 
in the event of a telemetry dropout.  The technique is conceptually very simple but operationally 
very powerful.  The IMU sensor outputs are measured, converted to delta velocities and angles, 
integrated over a preset number of samples and the integration results are added to an accumulation.  
In the case of delta angles the results are converted to four-dimensional quaternion prior to 
accumulation.  These accumulations allow the vehicle to know where it is compared to where it was 
and for short periods of time (up to a few seconds) the position can be accurately calculated.  The 
IMU accumulations provide two important functions; they prevent the reset of the ground based 
Kalman filter in the event of a telemetry dropout, and they provide very precise position data over 
short periods of time in the event of a GPS dropout.  The GPS/IMU data also provides accurate 
vehicle attitude information during flight.  The JAMI accuracy objectives for position and attitude 
are 25 feet position, 3 ft/sec velocity, and 5-degree attitude in real time. 
 
The JAMI project, as well as several other CTEIP projects, is actively watching miniature IMU 
sensor developments.  There are many products available to provide acceleration and angular rate 
but most of these devices were developed for the automobile industry and have high drift rates.  
Devices are still under development that will reduce these drift rates by a factor of 100 but are not 
currently commercially available in integrated circuit size packages.   
 
JAMI Data Processor-  The ground based processing is the key to the accuracy of the JAMI TSPI 
unit, especially for the post mission mode.  This process combines the GPS and the IMU data in a 
tightly coupled process.  In a federated GPS/IMU process the IMU error states would be observed by 
using the GPS position measurements and corrections made to the attitude data reported.  The JAMI 
data processor will use an improved version of the Multi-optimal Sensor Estimation Softwere 
(MOSES) range tracking system used at Edwards AFB.  This product contains sophisticated error 
models of not only the IMU sensors, but even the GPS receiver oscillator error states.  All of these 
error states are tunable either automatically by the filter or manually by a system operator.  In the 
MOSES integrated filter approach, the observable error states of a sensor can me tuned out of the 
filter as opposed to just corrected.  This feature provides greatly enhanced performance in an 
operational environment where GPS dropouts are expected. 
 
The ability of this auto-tuner is under investigation to determine the limits of using low cost 
automotive gyros and accelerometers in the JAMI JTU to provide high accuracy information.  A 
simple view of the IMU problem is to think of a sensor as a very accurate measurement device over 
a very short period of time.  If the error modes of an IMU sensor, for example acceleration bias, are 
observable over a longer period of time, the error can be “tuned” out and the sensor accuracy 
increased for the next small period of time.  This “auto-tuner” is the most sophisticated capability of 
the MOSES system but is also the most difficult. 



 
A decision was made to transition the MOSES software away from old UNIX based platforms and 
onto PC type computers.  The new system will probably run under a LINUX operating system to 
allow for multiple participants to be tacked by a single computer.  At this time it makes sense for the 
real-time operation to be done on a computer located in the range telemetry area.  The post mission 
analysis will improve the accuracy of the JAMI TSPI solution and also provide a scoring solution to 
compute a missile position relative to a target.  The MOSES post mission filter runs under a web 
browser interface and this process is anticipated to be run on a separate computer, and probably in a 
different work space.  The data required for post mission analysis is archived during real-time 
processing.  The PC based JDP will be completed in the Fall of 2002 and range initial integration is 
planned for the Summer of 2003. 
 
JAMI Test Bed-  The JAMI design team decided that a flying test bed was required for a variety of 
reasons during the past year.  The test bed contains a set of IMU sensors, a data formatter card, a 
telemetry downlink, a multi-band antenna, and a GSP receiver or sensor.  Reasons to build a test bed 
include: 

1. A method of demonstrating the design approach of the JTU in an airborne application. 
2. A method to validate the TUMS structure and understand the effects on the JDP of data 

corruption and dropouts. 
3. A platform to evaluate different antenna structures and determine the effects of launcher and 

aircraft effects on antenna patterns. 
4. A method of demonstrating the entire JAMI TSPI and EGS system. 
5. A method of comparing the JAMI TSPI data quality with a known aircraft tracking standard 

such as the ARDS system. 
6. By flying two test bed pods on both wind tips of an aircraft the known distance between the 

pods can be used to validate the EGS quality of the JAMI system. 
 
The first test bed flight was conducted in March 2002.  The flight demonstrated that accelerations of  
about 20 G could be realized at the wing tips during high dynamic maneuvers of the aircraft.  While 
these acceleration levels are less than half the required JAMI operational levels, they are high 
enough to demonstrate the effects of elevated dynamics on the tracking loops and filter algorithms of 
the JTU. 
 
Flight Termination System Components-  The JAMI program continued development of advanced 
technology flight safety components.  The Flight Termination Safe and Arm design was completed 
and final qualification testing is underway.  JAMI endorsed a new technology flight termination 
receiver development called the Enhanced Flight Termination System (EFTS) that includes digital 
encoding of command uplinks to replace the old IRIG tone system.  JAMI also funded delta 
qualification testing on current technology miniature flight termination receivers from two vendors 
at White Sands Missile Range to determine if the hardware would survive JAMI environmental 
levels.  Results of these tests are available from the WSMR range safety office. 
 

CONCLUSIONS 
 
The JAMI project made significant progress in providing high dynamic GPS based tracking 
components and flight termination components during the past year.    



Missiles using JAMI developed TSPI hardware will be fielded during the next few months and the 
JAMI ground processing will be deployed on National Ranges beginning in the Summer 2003. 
                                                           
1 Powell, Dave, and Scofield, Don, proceeding of International Telemetry Conference, 2001 Las Vegas, NV 
2 Pratt, Anthony, PhD, Proceedings Institute of Navigation, January 2001, Long Beach, CA 
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ABSTRACT 
 

The Joint Advanced Missile Instrumentation (JAMI) program is integrating Global 
Positioning System (GPS) technology into missile telemetry systems.  The weakest link 
appears to be the GPS antenna.  The antenna on a missile is required to be flush mounted 
for aerodynamic reasons.  Due to the missile's tendency to roll, the antenna needs to be a 
multi-element omnidirectional antenna array.  Therefore an antenna used on missiles is a 
wrap-around antenna since it will meet the flush mount and rolling requirements by 
giving omnidirectional coverage.  JAMI has used readily available techniques for 
designing wrap-around telemetry antennas to develop a GPS wrap-around antenna and 
has discovered a major problem.  The Phase Center of a wrap-around antenna tends to be 
a surface, not a point, and not necessarily at the centerline of the missile body.  GPS 
measurements have been conducted to determine the Phase Center of the antenna.  When 
the Phase Center is large, the GPS receiver perceives it as multipath and integer 
ambiguities cannot be resolved.  This paper addresses the problems that have been 
uncovered and outlines the steps that are planned to resolve them. 
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INTRODUCTION 
 

What is the Phase Center of an antenna and why is it important?  The Phase Center is 
defined as a reference point from which all radiation emanates, and radiated fields 



measured on the surface of a sphere whose center coincides with the Phase Center having 
the same phase [1].  Unlike single element antennas which have a single point Phase 
Center, antenna arrays have a Phase Center which is a surface. It may not even be 
contained within the antenna structure.  The Phase Center will appear to move depending 
on the angle of the approaching signal to the antenna.  When a Phase Center is identified, 
it is usually the average of all the different phase centers from all the Satellite Vehicles 
(SVs) being received.   
 
Knowing the Phase Center of the GPS antenna is important in order to perform accurate 
position measurements.  The most accurate real time method of GPS tracking is called 
kinematic.  This is where the carrier phase data is differentially corrected with a reference 
receiver so most of the errors can be corrected.  Then the integer number of wavelengths 
from each satellite to the Phase Center of the receive antenna are calculated.  If the Phase 
Center is not a single point then there are multiple answers or ambiguities for the number 
of wavelengths to each satellite and the integer ambiguities cannot be resolved.   
 

PHASE CENTER MEASUREMENTS 
 
Work has been done to measure the Phase Center of a five-inch diameter wrap-around 
antenna [2].  As a follow up to this previous work, a five-inch GPS/S-band antenna was 
designed and built by Naval Air Warfare Center Weapons Division (NAWCWD) Point 
Mugu.  The same measurement techniques and test set-up were used to measure its Phase 
Center [2].  All measurements were made referenced to the GPS connector.  For the 
azimuth plots, the connector is at +90 degrees and for the roll plot it is at zero degrees.   
 
Improvements were made in the gain pattern and bandwidth over the previous antenna 
but the Phase Center appeared larger.  Figure 1 is an Azimuth Cut where minimal phase 
change occurred.  Figure 1 represents the phase plot 6.5 inches aft of the GPS connector.  
It also turns out that this same phase plot holds for 7.0 inches aft and 7.5 inches aft.  This 
tends to suggest the Phase Center is a surface that is about one inch long in the 
longitudinal direction.  The rapid phase changes of the azimuth angles between 60 and 90 
degrees were believed to be errors due to the measurement system since they showed up 
in all azimuth plots.  After careful study it is believed that this is where the cut is looking 
at the edge of the Phase Center surface since the GPS connector is located at 90 degrees. 
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FIGURE 1. Azimuth Phase Cut at 6.5 inches aft of the GPS Connector. 
 
A Roll Cut was made for the Phase Center located 6.5 inches aft of the GPS connector 
and is shown on Figure 2.  If the Phase Center was along the centerline of the missile the 
phase should stay constant throughout the Roll Cut.  The phase varied by 157 degrees.  
At 1.575 GHz this translates into a 3.27-inch movement in the Phase Center.  By using 
equation (1-1), solving for ψ and setting r = 3.27 inches, the calculated phase can be 
overlaid with the measured phase as shown on Figure 3.  
 

 r = (λο/2π)∗(ψ/(1−cos(θ))   eq(1-1) 
 
An explanation of equation (1-1) and the geometry behind it can be found in references 
[1] and [2]. 
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FIGURE 2. Phase Plot for a Roll Cut at 6.5 inches aft of the GPS Connector. 
 
 

Measued vs Calculated

-200

-150

-100

-50

0

50

100

150

-100 -80 -60 -40 -20 0 20 40 60 80 100

Azimuth Angle (deg)

Ph
as

e 
(d

eg
)

Calculated
Measured

 
 

FIGURE 3. Measured Phase vs. Calculated Phase, Azimuth Cut 
 
By looking at Figures 2 and 3, it is difficult to visualize what the Phase Center might look 
like.  The Roll Cut looks like a cosine wave, which indicates the Phase Center is a circle 
with a diameter of 3.27 inches.  It is also located off the centerline of the missile.  The dip 
of the phase plot is centered at about 30 degrees from the GPS connector, which is 
defined as zero. This would indicate the Phase Center is centered along this line. The fact 
that three azimuth cuts, at 6.5 inches aft, 7 inches aft and 7.5 inches aft, essentially did 
not change suggests that the Phase Center is the widest in this section.  The best 
approximation of what the Phase Center might be is a cylinder with a diameter of 3.27 



inches, a height of an inch and is offset from the centerline by its radius.  The center of 
the cylinder is approximately 7 inches aft of the GPS connector at an angle of 30 degrees 
to one side of the connector.  A model that best fits the data is shown on Figure 4. 
 

 

 
 

FIGURE 4. Approximate Phase Center Surface Location. 
 
 

FLIGHT TESTS 
 
The five-inch wrap-around antenna fits on a Sidewinder missile.  These antennas were 
mounted on Sidewinder missiles and captive carry tests were conducted.  The test 
configuration for the captive carry had a Sidewinder on each wing tip.  The goal of the 
test was to perform kinematic processing on the two missiles, while in flight, to 
determine if the distance between the two could be accurately determined (also known as 
scoring). The same telemetry systems were used with the two different types of antennas.  
The Haigh-Farr antenna tracked about three quarters of the available satellite vehicles 
(SV's) in view and the two missiles only tracked a few SV's in common.  In order to 
perform scoring measurements, five common SV's are required.  With over an hour of 
flight data there was only a few seconds where it was possible to perform kinematic 
processing on the data.  There also appeared to be multipath, which made it difficult to 
resolve the integer ambiguities.  The multipath was originally attributed to aircraft body, 
however, it is now attributed to Phase Center problems. 
 
The NAWCWD antenna was designed to provide more gain.  The location of the 
launcher rail was taken into consideration so it would not interfere with the radiation 
pattern.  The improved gain/radiation pattern of the NAWCWD antenna enabled the GPS 
receiver to track all available SV's in view on both wing tips.  Again over an hour of GPS 
data was collected.  When post mission kinematic processing was performed the distance 
between the two missiles could not be determined.  There appeared to be muiltpath and 
the integer ambiguities could not be resolved.  This can be attributed to the NAWCWD 
antenna's large Phase Center. 
 

30° 
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GPS 
Connector 

5" 



Static roof-top tests were conducted with different antenna configurations.  A reference 
receiver was located in close proximity to the antenna under test.  Three different GPS 
antennas were used on the same telemetry system; the Haigh-Farr, NAWCWD and a 
standard patch GPS antenna.  When either the Haigh-Farr or NAWCWD antennas were 
used, kinematic processing could not be performed between them and the reference 
receiver.  When the standard GPS patch antenna was used, kinematic processing was 
possible.  The results of these tests confirmed Phase Center problems exist with wrap-
around antennas. 
 
 

PHASE CENTER RESEARCH 
 
Having had made phase measurements and conducted some flight tests, it was decided 
that a more academic approach at the problem was necessary.  Brigham Young 
University was contacted to see if they would be interested in conducting a study of the 
Phase Center problem with wrap-around GPS antennas.  It is called the GPS Wrap-
around Antenna Study (GWAS). A research agreement was made where the following 
are to be performed. 
 

Model and Simulation.   
 
There are several phases of modeling and simulation that needs to be 
accomplished. 
 
Phase I - Present Antenna Design (NAWCWD antenna).  Several chamber and 
field tests have been performed on the present antenna configuration and have 
determined that it does not operate as required. Modeling and simulations are to 
be performed on the NAWCWD antenna to help explain the testing conducted to 
date and provide a baseline for comparison with future designs.  
 
Phase II - Phase Center Size.  The main question that needs to be answered is 
what size does the Phase Center need to be in order to resolve the integer 
ambiguities of phase measurements of the GPS signal?   
 
Phase III - Phase Center Manipulation. Design parameters of the model of the 
NAWCWD antenna will be varied and simulated to determine which parameters 
effect the Phase Center size and location.  The goal is to make the antenna Phase 
Center as small as possible and located at the centerline of the missile. This 
information will be provided to NAWCWD Point Mugu so a new antenna can be 
designed and built. 
 
Phase IV - New Antenna (GWAS Antenna).  Modeling and simulations need to 
be done on the new antenna design so they can be compared to the actual antenna 
measurements. 
 



Testing.  The models and simulations are to be confirmed by actual antenna 
testing.   
 
Phase Center Testing Method.  A test method and procedure is to be written to 
measure the Phase Center of a wrap-around GPS antenna.  The procedure used in 
this paper and in the previous work might not be a valid test method for wrap-
around antennas. 
 
NAWCWD Antenna Test - Use the above Phase Center test method to 
characterize the NAWCWD antenna.  Compare these results with the simulation 
results of Phase I. 
 
GWAS Antenna Test.  Use the above Phase Center test method to characterize 
the new antenna.  Compare these results with the simulation results of Phase IV. 

 
 

CONCLUSION 
 
Knowledge of the location of the Phase Center and making it as small as possible is very 
important in obtaining accurate GPS measurements.  If the Phase Center is too large it 
appears to the receiver to be multipath and integer ambiguities cannot be resolved.  The 
two wrap-around antennas measured to date show they have undesirable qualities to be 
used for scoring.  In order to remedy this problem, research is being conducted to 
determine if it is possible to design a wrap-around GPS antenna with a small Phase 
Center that is located along the centerline of a missile.  This will be done with modeling 
and simulation software and then designing, building and testing the new design.  The 
risk is physics might dictate that it cannot be accomplished.  To reduce the risk that the 
Phase Center issue will cause JAMI to not meet its objectives, other techniques are being 
investigated that are beyond the scope of this paper.  They are things like adding 
additional processing by the GPS receiver to null out the phase problem, post processing 
the phase data to remove the errors, and designing an antenna that switches between the 
different elements. 
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ABSTRACT 
 

The Joint Advanced Missile Instrumentation (JAMI) program is developing a Time, 
Space, and Position Information (TSPI) unit for high dynamic missile platforms by 
employing the use of Global Position System (GPS) and inertial sensors.  The GPS data 
is uncoupled from the inertial data. The output of the JAMI TSPI unit follows the packet 
telemetry protocol and is called the TSPI unit message structure (TUMS).  The packet 
format allows the data stream to stand on its own, be integrated into a packet telemetry 
system or be an asynchronous data channel in a PCM data stream. On the ground, the 
JAMI data processor (JDP) Kalman filters the GPS and inertial data to provide a real time 
TSPI solution to the ranges for display.  This paper gives an overview of the message 
format, the timing relationships between the GPS data and inertial data, and how TUMS 
is to be handled by the telemetry receiving site to hand it off to the JDP. 
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BACKGROUND 
 

JAMI is taking advantage of GPS technology to provide the test ranges missile TSPI and 
end game scoring (EGS) between the missile and target.  Figure 1 gives a simple 
overview of how this is done.  The missile and target have a JAMI TSPI Unit (JTU) that 
receives GPS signals.  The GPS sensor collects raw measurement data for each Satellite 
Vehicle (SV) and creates a GPS message.  The JTU also has an inertial measurement unit 
(IMU) and processes the IMU data and adds it to the GPS measurements to create a TSPI 
Unit Measurement Structure (TUMS).  TUMS is transmitted to the ground via the 
telemetry data stream, and is then decommutated from the telemetry and sent to the JAMI 
Data Processor (JDP) via TCP/IP.  The JDP can be thought of having three parts.  One is 



doing the TSPI of the missile, another is doing TSPI for the target and the last is end 
game scoring(EGS) between the missile and target.  The TSPI for the missile and target 
are to be done in real time and sent to the range display via TCP/IP.  The display could be 
used for range safety.  The EGS solution is a post mission product of the JDP.  
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FIGURE 1.  JAMI TSPI System Overview 

 
The JDP can also use other tracking sources to help with providing missile TSPI in the 
event the missile cannot track GPS SVs prior to launch, in the case where it is carried 
under the wing or internal carriage.  The existing range TSPI sources, radar, aircraft GPS, 
laser, and optical tracking can be used by the JDP to cal align the IMU prior to launch.  
For the few seconds after launch, the JDP will use the IMU to provide missile TSPI until 
the GPS starts tracking Satellite Vehicles. 

 
 

TUMS OVERVIEW 
 

The TUMS message follows IRIG-106 Part II for packet telemetry.  This allows TUMS 
to be a packet of data for a packet telemetry system or it can be embedded in a standard 
PCM data stream as an asynchronous data stream that can then be decommutated to 
create the TUMS packet on the ground.  The fact that the data is time stamped with GPS 
time and all IMU sampling can be tied to GPS time makes it a prefect candidate for 
packet telemetry.  A complete definition of TUMS is found in reference [2], which is the 
initial release of the document.  This paper describes an updated version of TUMS.  
Table 1 shows the major parts of the TUMS message.  The header is 6 bytes long and is 
defined in IRIG-106 Part II.  The packet data field consists of a status word, which is 2 
bytes long, the GPS message and the processed IMU data.  Both the GPS and IMU 



messages can vary in length depending on how many GPS SV's are being tracked and 
what sampling and processing rates are being done on the IMU.  The message ends with 
a one-byte checksum.  
 

TABLE 1. TUMS Overall Message Structure 
 

Packet 
Header 

Packet Data Field 

Packet 
Header (6) 

Status (2) GPS Messages 
(Variable) 

IMU (Variable) CKSUM(1) 

 
 

PACKET HEADER 
 

Figure 2 is taken directly out of IRIG 106 Part II, where a detailed explanation can be 
found [2].  Here is a quick overview of the packet header.  The first two fields, Version 
No. and Type Indicator, are defined as zeros by IRIG-106.  PCKT secondary Header Flag 
is zero since there is not a Packet Secondary Header in the Packet Data Field.  The 
Application Process Identifier is eleven bits long and is set to the bits shown to indicate it 
is a TUMS packet.  According to IRIG-106 Part II this number needs to be approved by 
the ranges.  The next field is the Grouping Flags, which is set to binary 11. This indicates 
the TUMS packet is not part of a group of source packets.  The Source Sequence Count is 
the number of packets sent since power up or power reset.  The last field is the Packet 
Data Length, which is the number of bytes contained in the Packet Data Field minus one. 
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FIGURE 2.  TUMS Header 

 
 

PACKET DATA FIELD 
 

The packet data field is to follow the packet header without any delays.  The secondary 
header is not used.  The source data field contains a Status word, the GPS data and 
processed IMU data. 
 
 



SOURCE DATA 
 

The Status Word contains some status bits and a ten-bit identification number or serial 
number.  Table 2 shows the contents of the status word.  Bit 15 contains the TUMS Type; 
for TUMS Type I it is set to a zero, and for TUMS Type II it is set to a one.  The 
difference between Type I and Type II is discussed later in the paper. Bit 14 is the Reset 
bit and is set high for several seconds after a processor reset.  The GSU bit, located in bit 
13, toggles on and off to indicated the number of SVs tracked by the GPS Sensor Unit.  
The Fail bit is set when any of the IMU sensors are sitting at either plus or minus the full-
scale value.  Bit 11 is the dynamic bit, which is set when activity is detected in any of the 
IMU sensors.  The static bit is set when all the IMU sensor outputs are within the 
expected limits when the unit is sitting still or static.  The last ten bits contain the unit's 
ID number or serial number.  Several of the JTUs could be flying at any one time.  The 
ID number will help identify which unit is which when received.  With 10 bits, the ID 
number will repeat after 1024 units. 
 

TABLE 2. Status Word Format 
 
Bit 15 14 13 12 11 10 9 8 
Name TUMS 

Type 
Reset GSU  Fail Dynamic Static ID 

MSB 
ID 

         
Bit 7 6 5 4 3 2 1 0 
Name ID ID ID ID ID ID ID ID 

LSB 
 
 

 
The next part of the source data field contains GPS data.  There are two possible types of 
GPS data.  The first has a GPS receiver that can produce Missile Application Condensed 
Message (MACM), Missile Application Time Message (MATM) and Position, Velocity, 
Time Message (PVTM).  A TUMS message that contains MACM, MATM and PVTM is 
called TUMS Type I.  MACM, MATM and PVTM all have headers and end with a 
checksum.  The TUMS Type II has a GPS sensor, which is neither a receiver nor a 
translator.  It is something in-between which is being called a Hybrid.  The GPS message 
is a vendor-defined format that they are required to convert to a TUMS Type I format on 
the ground prior to the JDP.  The hybrid approach can be thought of as having the 
receiver in two pieces; half in the air and the other half on the ground.  By using the 
hybrid approach, GPS measurements can be made in very high g environments.  
Experiments with a prototype showed it can track through 200 g maneuvers.  The TUMS 
Type I is the main interface for the JDP so an overview of the MACM, MATM, and 
PVTM will be made. 
 
The MACM format is shown in Table 3.  The main things that need to be noted are the 
GPS measurement time, which is important for the overall TUMS timing, and that each 



SV measurement is 24 bytes long.  MACM will then vary in length according to the 
number of SV's tracked. 
 

TABLE 3. Missile Application Condensed Message Format 
 

  
Function 

Total
Bytes

[MACM: 4] [VERSION: 1] [NUMOBS: 1] [GPSTIME: 4] [OFFSET: 4]:    
[PRN: 1][CONDITION: 2][CN0: 1][PHASE: 8][PSRNGE: 4][RATE: 4][LOCKTIME: 4] 
[PRN: 1][CONDITION: 2][CN0: 1][PHASE: 8][PSRNGE: 4][RATE: 4][LOCKTIME: 4]
[PRN: 1][CONDITION: 2][CN0: 1][PHASE: 8][PSRNGE: 4][RATE: 4][LOCKTIME: 4]
[PRN: 1][CONDITION: 2][CN0: 1][PHASE: 8][PSRNGE: 4][RATE: 4][LOCKTIME: 4]
[PRN: 1][CONDITION: 2][CN0: 1][PHASE: 8][PSRNGE: 4][RATE: 4][LOCKTIME: 4]
[PRN: 1][CONDITION: 2][CN0: 1][PHASE: 8][PSRNGE: 4][RATE: 4][LOCKTIME: 4]
[PRN: 1][CONDITION: 2][CN0: 1][PHASE: 8][PSRNGE: 4][RATE: 4][LOCKTIME: 4]
[CKSUM:1]  

Note:  The number after a colon is the number of bytes associated with each field. 

Header 
Observation 
Observation 
Observation 
Observation 
Observation 
Observation 
Observation 
Checksum 

14 
24 
24 
24 
24 
24 
24 
24 
1 

 
 
MATM provides three time event markers.  It is an optional message that can be used to 
give accurate time to events that occur during the missile flight.  The timing accuracy is 
100 ns of true GPS time.  Things that might use this message are missile launch, a fuzing 
event, or a seeker function for which accurate time is needed. The MATM  format is 
outlined below.  The total number of bytes per message is 17 bytes and is output only 
when needed. 
 
MATM Bytes.    

     MATM [4]  T1 [4]  T2 [4]  T3 [4]  CKSUM [1]:  [17 bytes] 

 

 MATM Definitions.    

      MATM Four-byte sync word.  [The ASCII* character ("MATM")] 

T1  Four byte time stamp for input #1, µs of the hour, units of 1/10 µs. 
T2  Four byte time stamp for input #2, µs of the hour, units of 1/10 µs. 
T3  Four byte time stamp for input #3, µs of the hour, units of 1/10 µs. 

CKSUM One byte checksum of:  T1, T2, T3. 
*American Standard Code Information Interchange 
 
The last GPS message is PVTM, which is an optional message.  This message is the 
navigation solution computed in the GPS receiver in real time.  The position information 
is not as accurate as the differential corrections and Kalman filtering the JDP provides.  
The output rate of the PVTM will most likely come out at a slower rate than MACM 
because of the additional computations performed.  The length of the message is 29 bytes 
long.  Table 4 defines the message structure. 
 
 



TABLE 4. Position, Velocity, Time Message Format 
 

 
Name 

Number 
of Bytes 

 
Data Type 

 
Definition 

PVTM 4 Character PVTM 
Flags 2 Integer  
Time, Millisecond of the 
Week 

4 Unsigned 
Integer 

Universal Time Corrected (ms)

Latitude 4 Signed Integer +/- 90 Degrees 
Longitude 4 Signed Integer +/- 180 Degrees 
Altitude 4 Signed Integer +/- Feet Corrected for Mean 

Sea Level 
East Velocity 2 Signed Integer +/- 65535 feet/second 
North Velocity 2 Signed Integer +/- 65535 feet/second 
Up Velocity 2 Signed Integer +/- 65535 feet/second 
CKSUM 1 Integer Checksum includes all bytes 

through the end of message 
except PVTM and CKSUM. 

 
 
 
The second part of the source data is the IMU data.  The IMU message starts with the 
ASCII characters "IMU."  The next two bytes contain the byte counter for the IMU 
message that starts the count after the header and ends before the checksum. There are 21 
bytes per IMU measurement.  All six sensors of the IMU are sampled simultaneously at a 
high rate (500 -1500 Hz) and then processed and output at a medium rate (50 -200 Hz).  
The processed data is one measurement set.  The accelerometers are sampled at the high 
rate and converted to delta velocities of units of meters per second and added to the 
previous sample to produce accumulated delta velocities.  The accumulated delta 
velocities are converted into a three-byte integer that has the units of tenths of millimeters 
per second.  The rate sensors are accumulated at the high rate and converted into a 
quaternion at the medium rate.  A simplified view of a quaternion is a process that takes 
in the three rate measurements and outputs four variables. The quaternion is then 
accumulated with the previously calculated quaternion.  The accumulated quaternion is a 
unit-less number that is multiplied by a million to convert it into a three-byte integer.  
The three accumulated delta velocities of three bytes each and the four accumulated 
quaternions of three bytes each make up one processed IMU measurement set.  This is a 
simplified explanation of the processed IMU data set.  The IMU message ends with a 
checksum. 
 
The accumulated processed IMU measurements provide a couple of advantages.  If raw 
IMU measurements were sent down, every time there was a telemetry drop out, the 
Kalman filter in the JDP would be reset.  With the accumulated IMU data, when a 
telemetry drop out occurs, the Kalman filter does not reset since with the accumulated 
data the data lost from the telemetry drop out can be recovered.  The other advantage is 
the bit rate is reduced. 



 
TIMING 

 
Now all the measurement definitions are done, the most important part of TUMS is the 
timing relationships of the measurements. An epoch is the instant of time when a GPS 
measurement is made.  There is a TUMS message for each epoch.  Figure 3 shows these 
timing relationships.  The raw IMU data are sampled at the high rate.  These high rate 
samples are accumulated over N samples and processed to produce an IMU message at 
the medium rate.  As an example, suppose the high rate is 1000 Hz, the medium rate is 
200 Hz and the GPS epoch rate is 10Hz.  There will be 5 high rate samples accumulated 
before a medium rate IMU message is output and 20 processed IMU measurements 
between each GPS epoch.  The TUMS message is created by taking the GPS message, 
adding the 20 IMU measurements between the Epochs and adding the header, status word 
and checksum.  The high sample rate has to have an integer number of cycles between 
epoch pulses.  There also has to be an integer number of IMU measurements produced 
between each epoch.  Therefore the length of the IMU message will vary according to the 
number of processed IMU measurements there are between each GPS epoch.  A sample 
of what the IMU message looks like is in Table 5. 
 
 

FIGURE 3.  Timing Relationships 
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TABLE 5.  IMU Message Structure 
 

Header(3) Count(2)       TIME* 
∑∆Vx(3) ∑∆Vy(3) ∑∆Vz(3) ∑Q0(3) ∑Qx(3) ∑Qy(3) ∑Qz(3)  T=T0 
∑∆Vx(3) ∑∆Vy(3) ∑∆Vz(3) ∑Q0(3) ∑Qx(3) ∑Qy(3) ∑Qz(3)  T=T0 + TI*N 
∑∆Vx(3) ∑∆Vy(3) ∑∆Vz(3) ∑Q0(3) ∑Qx(3) ∑Qy(3) ∑Qz(3)  T=T0 + 2*TI*N 
∑∆Vx(3) ∑∆Vy(3) ∑∆Vz(3) ∑Q0(3) ∑Qx(3) ∑Qy(3) ∑Qz(3)  T=T0 + 3*TI*N 
∑∆Vx(3) ∑∆Vy(3) ∑∆Vz(3) ∑Q0(3) ∑Qx(3) ∑Qy(3) ∑Qz(3)  T=T0 + 4*TI*N 

. 

. 

. 
∑∆Vx(3) ∑∆Vy(3) ∑∆Vz(3) ∑Q0(3) ∑Qx(3) ∑Qy(3) ∑Qz(3)  T= T0+ TG - 

2*TI*N 
∑∆Vx(3) ∑∆Vy(3) ∑∆Vz(3) ∑Q0(3) ∑Qx(3) ∑Qy(3) ∑Qz(3) 

 
Check  
Sum(1) 

T=T0+ TG - TI*N 

*Notes: T0 - GSU time stamp 
 TI - IMU sample interval(High Rate) 
 N - Divisor for IMU processing 
 TG - GSU measurement rate (Epoch Rate) 
 
 

CONCLUSION 
 
TUMS follows the packet telemetry standard.  TUMS provides GPS and IMU data for 
high dynamic missiles and targets.  The TSPI solution from the JDP can be used as an 
independent tracking aid for range safety that allows missile tracking without RADAR, 
laser or optical tracking so testing can be performed on non-instrumented ranges.  If the 
missile is under a wing or internally carried so that it cannot track GPS SVs, the JDP can 
use the TSPI information of the shooter, which could be GPS or Radar tracked, to cal 
align the IMU so for the first few seconds of flight the missile TSPI can be computed 
using the IMU only until the GPS starts tracking SVs.  The IMU data is also useful in 
computing the missile attitude and will help with EGS.  The use of TUMS will help bring 
missile tracking into the 21st century. 
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ABSTRACT 
 
The objective of the project is to continuously track a handheld device in an office, with centimeter 
accuracy in the three dimensions.  A 3-D ray-tracing algorithm has been developed to simulate the 
impulse response of the indoor channel. The algorithm can evaluate the impulse response at multiple 
receiver locations. Non-linear optimization has been used to eliminate the need for multiple runs of 
simulation. The optimization program also significantly reduces the number of rays launched. The 
algorithm incorporates bandwidth effects on multipath resolution of the system.  
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INTRODUCTION 
 

This paper addresses key issues of a "modified brute-force� 3-D Ray-tracing algorithm that can 
simulate the indoor environment. Ray tracing has been a useful tool for predicting impulse response 
and power-delay profile of an indoor channel for LAN and mobile radio applications. Modeling the 
RF indoor channel provides useful insight to the problem of indoor position location. Knowledge of 
the channel model enables design of a suitable architecture for indoor geolocation. Intuitively, the 3-
D method provides a better channel model than its 2-D counterpart. This is because in an office or 
factory setting, the height of the structure is comparable with the other two dimensions and thus 
cannot be neglected.  
The paper discusses the implementation and performance of the 3-D ray-tracing algorithm. The 
algorithm can evaluate the impulse response at multiple receiver locations. Conventionally, 
obtaining receiver responses for a moving transmitter requires multiple runs of simulation. Non-
linear optimization has been employed to reduce the computation time of such a task. The 
optimization program also significantly reduces the number of rays launched. The algorithm 
incorporates bandwidth effects on multipath resolution of the system. Data from simulation is used 
in a position estimation algorithm that simulates the overall performance of the system.   
 
 



 
3-D RAY-TRACING 

 
Ray-tracing techniques were first developed for use in computer graphics. These algorithms 
recreated an image scene under different lighting conditions and enhanced visual perception. 2-D 
ray-tracing algorithms have been used extensively for cellular and LAN site planning [1]. Such 
algorithms mainly predicted delay-spread of the impulse response and attenuation of the signal. Also 
since the third dimension is small comparable to the other dimensions, the 2-D method is reasonable 
to use in most cases. The same algorithm cannot be applied to indoor position location, because the 
height dimension is significant compared to length and breadth. To improve upon the accuracy in 
channel response predictions, 3-D modeling is required [2]. 
The Line-of-Sight (LOS) component of the received signal plays a dominant role in position location 
algorithms. Isolating the LOS signal is critical in obtaining an accurate estimate. In the outdoor 
environment, scatterers are located far enough apart that often each multipath component can be 
resolved by the virtue of system bandwidth. In the indoor environment the multipath can be so 
severe that the system bandwidth would not suffice in isolating the LOS from multipath components. 
In such a situation, other methods of position estimation need to be investigated.    
 
 

MATHEMATICAL DESCRIPTION 
 

The ray-tracing algorithm is based on the assumption that high frequency electromagnetic radiation 
has ray-like properties and its propagation in space can hence be modeled as a vector with power and 
phase. The power of the ray is attenuated by a path-dependant loss, reflections and transmissions. 
The phase of the ray is affected by reflections and transmissions because of the complex nature of 
the reflection coefficient and permittivity of the surface the ray impinges on [8]. The phase is also 
determined by the response of the indoor channel. The ray is also affected by diffraction but is not 
necessarily modeled for the indoor channel. Effects of diffraction are more significant in urban 
environment. 
The algorithm can be implemented in any of 3 coordinate systems, namely, Cartesian, Spherical or 
Cylindrical coordinates. The 2-D simulation was done using polar coordinates in earlier work [3]. 
For simulation in 3-D, Spherical coordinate system was initially chosen as a natural extension to the 
polar form. However, representation of planes and lines and computing their intersections proved to 
be an unnecessary expense in computation time.  The Cartesian coordinate was eventually chosen 
and the objects in the simulation were represented in the parametric form. The parametric form had 
the advantage that the intersection between a line and plane can be efficiently solved through matrix 
manipulations.  
The algorithm begins with launching rays in all directions, each ray representing a wavefront. The 
intersections of rays with the objects in the room are computed. A corresponding angle of reflectance 
is calculated and the ray is checked for transmission through the surface. The power after each 
reflection/transmission and cumulative path length are stored as an attribute of the ray. The process 
is repeated until each ray is terminated based upon a set of conditions. Subsequently, each segment 
of a ray is checked for intersection with the receiver. For a valid intersection, the power and the path 
length characterize a multipath component. 
 
 



 
 

RAY LAUNCHING 
 

There are many ray launching techniques [4]. All these methods have the equidistant constraint on 
angular spacing. The minimum angular separation determines the total number of rays that is 
launched. The total number of rays launched is approximately given by   

Number of rays launched = (2π/α)[(π/α)  -1] +2 
where α is the angular spacing in radians. The number of rays increases with the angular spacing 
squared. An angular separation of 5 degrees created approximately 2500 rays from the source. 
Figure 1 shows that the rays are more closely spaced near the poles than at the equator.  At the outset 
the ray launch algorithm seems to be in violation of the usual constraint on angular spacing, but it 
does not introduce any error in calculations. The effect is an increase in the ray launching time by 
approximately 12% causing a similar increase in the simulation time.  The exact increase in time is 
dependant on the placement of transmitter and receivers and the channel structure. The net increase 
in simulation time is reduced when computing response for 20 or more transmitter positions using 
the optimization routine. 

 
Figure 1. Ray Launching Angles 

 
The choice of angular spacing also bounds the dimension of an object that can be modeled. This 
holds significance especially when low order reflections are considered. Adjacent rays can miss a 
valid reflection off a small object due to large angular spacing.  Previous work has established that 
effect of small objects on the overall channel response is insignificant [5]. 
 
 

 



RAY-WALL INTERSECTION 
 

The vertex coordinates for a wall are specified in Cartesian coordinates in a file. The order of 
vertices and the attenuation characteristics for each wall is specified in another file. The vertex 
coordinates are used to frame equations representing each wall. The intersection of each ray and a 
wall is accomplished through efficient matrix computation. A ray is terminated when it exceeds a 
specified number of reflections. The default case of termination occurs when the power level falls 
below the threshold of the receiver. The relative permittivity, εr and conductance, σ of a building 
material is used to calculate the power loss of a ray due to reflections and transmission. The power 
level is also dependent on the angle of incidence of the ray. In practice, these values are not constant 
for a material. The material is also heterogeneous in composition, and so a range of values binds the 
above parameters [6]. 
The uncertainty has been avoided by exploring other ways to characterize building materials for ray 
tracing. One approach is to associate a scalar Reflection Coefficient to a material that remains 
insensitive to angle of incidence [6]. The value chosen is one that best fits an elaborate measurement 
data. Another way is to set the power loss due to reflection as 6dB and that due to transmission as 
12dB [ref]. The above approximations have been used in many ray-tracing models to predict mainly 
the path loss and delay spread of the channel. The simulation uses a constant power loss for 
reflections and transmissions. About 6-7 reflections/transmissions are considered for the simulation.   
The instantaneous carrier phase is affected by path length, random phase changes in channel and due 
to reflection/transmission mechanisms. The channel structure is relatively constant for transmitter 
motion within a few wavelengths [7]. The path length is a dominant factor that affects the phase 
changes of the carrier. Resolving path differences of 1cm can theoretically give us about 75 degrees 
phase accuracy with a small random error.   
 
 

RECEIVER MODELING 
 

Many ray-tracing models have used reception spheres to model receivers rather than a point. This is 
because of the finite angular separation between each ray. The radius of reception sphere is chosen 
carefully to avoid double counting of rays [3]. The sphere grows with increase in path length and 
angular spacing. The calculation error inherent to the receiver model also increases. Another type of 
modeling involves weighing functions for calculating the effect of each ray at the receiver. These 
models can be easily applied for path-loss measurements and do not effectively address the problem 
of position location. To accurately predict carrier phase changes occurring due to path length, 
smaller reception spheres are required, which increases the number of rays, which need to be 
launched, driving up simulation time. This makes the existing ray-tracing models inefficient, due to 
unreasonably high computation time. 
The problem has been overcome by using two spheres of reception with different radii. The initial 
radius is greater than the final radius by many orders of magnitude. Keeping the angular spacing 
constant at 5 degrees, we have approximately 2500 rays. The initial sphere of reception is now 
proportional to the largest dimension of the environment. The intersection of the sphere with each 
segment of a ray is checked and attributes of those rays are stored. These rays are subjected to a non-
linear optimization algorithm with the azimuth, θ and elevation, φ as input parameters. The angles 
are simultaneously varied to converge each stored ray into the smaller sphere of reception.       

 



NON-LINEAR OPTIMIZATION 
 

The optimization algorithm is a variation of steepest-descent method in two dimensions. A ray may 
achieve the performance goal if there exists a continuous path between the initial guess (θini, φini) and 
the global minimum (θopt, φopt) on the error-performance curve. In the physical sense it implies that 
the ray can converge to the smaller sphere of reception by reflection/transmission through a given set 
of objects. A ray may not converge if no such path exists, in other terms it cannot touch the new 
sphere by bouncing off the same objects as the initial guess. The flowchart description is shown in 
Figure 2. The algorithm can be broadly divided into two sections as coarse convergence and fine 
convergence. During coarse convergence, the algorithm moves from the initial guess towards (θopt, 
φopt) with a constant search radius in the direction of steepest gradient. Fine convergence begins 
when (θopt, φopt) is in the neighborhood of (θc, φc). The neighborhood of (θc, φc) is the set of points 
within a radius, σi.   
The algorithm can converge from any direction and the resulting phase error is less than 1 degree for 
a Tx-Rx separation greater that 2 wavelengths. This is acceptable since centimeter accuracy in 
position requires a phase resolution of 72 degrees. The total number of iterations is limited to 30 by 
default. The time for each ray convergence depends on functional evaluations per iteration and 
number of iterations required for achieving the performance goal. The number of iterations depends 
on the initial search radius, the contraction factor and the desired goal. The algorithm is very flexible 
as we have choice of optimizing for speed or accuracy.  
The simulation is based on the assumption that change in path length has a dominant effect on the 
phase change in the carrier. Simulation of transmitter motion is necessary to understand the carrier 
phase. A direct approach is to move the transmitter by a distance less than a wavelength and reapply 
the ray-tracing algorithm. This approach is computationally expensive and does not exploit the 
consistency of channel structure over a few wavelengths [2]. A better approach is to use the data of 
the previous position in the optimization algorithm described above. The algorithm assumes that the 
same rays will converge at the receivers for the new TX position. This assumption is however valid 
only for small changes in TX position. The error between the direct method and this approach is 
found to be less than 1 percent over movements lesser than 5 wavelengths.  

 
 

TRANSMITTER MOTION 
 

The simulation is based on the assumption that change in path length has a dominant effect on the 
phase change in the carrier signal. Simulation of the transmitter motion is necessary to understand 
the carrier phase. A direct approach is to move the transmitter by a distance less than a wavelength 
and reapply the ray-tracing algorithm. This approach is computationally expensive and does not 
exploit the consistency of channel structure over a few wavelengths. A better approach is to use the 
data of the previous position in the optimization algorithm described above. The algorithm assumes 
that the same rays will converge at the receivers for the new TX position. This assumption is 
however valid for small changes in TX position. The error between the direct method and this 
approach is found to be less than 1 percent over movements less than 5 wavelengths.    

 
 
 
 



Figure 2. Non- Linear Optimization Algorithm for Ray-Tracing 
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 MULTIPATH RESOLUTION 
 

The system bandwidth directly determines the multipath resolution of the received signal. The ISM 
band has 200MHz available bandwidth that corresponds to 5ns resolution.  Developing systems to 
work with 200MHz bandwidth is expensive and tends to defeat the purpose.  It is observed from 
HiperLAN measurements at 5.8GHz that multipath in indoor environments fades out within 200ns 
[9]. From the simulation it is seen that the spacing between multipath components can be as small as 
0.1ns. Thus it is evident that aiming for higher bandwidth does not come across as feasible solution. 
The phase of LOS ray is thus corrupted by the adjacent multipath components. The relative power of 
multipath and the LOS is indicative of the extent to which the phase is corrupted. Phase corruption is 
more in an environment with metal furniture and cabinets, since a metallic surface acts as a good 
reflector. Attempting to accurately determine the phase of LOS ray may not be possible. 
 
 

RESULTS AND CONCLUSION 
 

The ray tracing software is provided with a user interface that has debug options to verify stages of 
the simulation process. Debugging options include viewing a 3-D room setup, TX and RX locations, 
launched rays, rays intersecting initial sphere of reception, rays with unique paths, optimization 
process for each ray, converged rays for each receiver, phase, amplitude response for each receiver 
and response of bandwidth-limited system. 
The program retains options from the previous simulation run. Parameters such as TX carrier 
frequency, TX power, RX sensitivity, PN chip frequency, chip length and maximum number of 
bounces. The interface was helpful during initial testing and verification of the ray tracing software. 
A variety of programs have been developed for data measurement and analysis.  A testing program 
generates phase and amplitude errors occurring in TX motion simulation. The phase error between 
the direct method and optimization approach is determined by the program. A plotting program 
generates surfaces representing  carrier phase changes due to transmitter motion. This helps in 
understanding phase variation in the channel. A software driver has been developed for the 
algorithm that generates a large database by varying parameters such as number of reflections, 
receivers, TX-RX separation. Another program is set up to measure simulation time with varying 
number of objects in the environment. The data is used by a plotting program to generate plots 
between any 2 of 10 different variables. The graphs illustrate the interdependence between the 
different parameters. They are used as benchmarks while modifying the algorithm for speed or 
accuracy.    
The simulation time is determined by the maximum allowable reflections as shown in Figure 3. The 
simulation time has an exponential relationship with the maximum allowable reflections. The 
number of rays intersecting the initial sphere is far greater than the converged rays. For a particular 
order of reflection the average time for a ray to converge varies with the initial guess and the global 
minima as seen in Figure 5. A ray may be optimized anywhere within 30 iterations, hence the 
variation in time in Figure 5. The maximum time is bounded by the average non-convergence time. 
For the case of a non-convergent ray in Figure 6, the time taken remains relatively constant because 
every such ray iterates 30 times.  
The parameter setting of the optimization algorithm is such that the number of rays that do not 
converge primarily influences the simulation. Figure 4 shows the percentage of time wasted in the 
process for varying number of reflections. Figure 7 contains typical simulation times for converging 



and non-converging rays. The total number of rays that need optimization is very high as compared 
to the number of unique paths since many of the rays have similar paths. This is not wasteful, since 
we optimize the same set of rays for many TX positions. Also, if all possible multipath components 
need be detected, it is necessary to use all the rays intersecting the initial sphere of reception. The 
total time can be greatly reduced if a small error can be tolerated. In such a case only unique ray 
paths need optimization.   
If a large number of walls are present, the algorithm can be modified to optimize only for unique 
paths. The phase error due to the modification is shown in Figure 8. The effect of taking smaller 
steps tends to reduce the variance of phase error. This error occurs randomly and can be treated as 
noise in the measurement. For a 1cm step, the maximum error is about 6 degrees.  
In the context of the present problem, 3-D ray tracing helps characterize the phase profile the indoor 
channel with a greater degree of accuracy compared to 2-D methods. The model bases itself on the 
assumption that path length between the TX and RX affects the carrier phase. Motion of the 
transmitter can be realized using the optimization algorithm. Simulation data is being used to 
develop means of position estimation that is independent of the RX positions. 
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Figure 4. Plot of Percentage time spent on non-

Convergent rays vs reflections averaged over 5 

receivers and 4 TX-RX distances. 
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Figure 5. Plot of Average convergence time vs 

samples averaged over 5 Receivers 
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Figure 6. Plot of Non-Convergence time vs 

samples averaged over 5 Receivers 
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ABSTRACT 
 

  With the purpose of testing the performance of GPS receivers, a GPS signal simulator is needed 
that can emulate the real GPS signals under all kinds of the conditions. This paper analyzes the single 
channel and multi-channel GPS signals’ characters in time domain and frequency domain, and 
discusses a mathematic model of the twelve-channel GPS simulator. In order to reduce the difficulties 
of the hardware design, this model is designed to provide the IF signal directly by applying the idea of 
“software radio”and the theory of interpolation. Simulation results with SystemView software 
demonstrate the feasibility of the system scheme. A practical hardware design of this system is 
described. 
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INTRUCTION 
The GPS program is undergoing a period of rapid growth and development. The system evolves 

from a set of signals that serve civil and military users to separate services with independent signals. 
A GPS signal simulator is needed that can emulate all kinds of experimentation environment and any 
required signals in laboratory and give the reference for the final GPS applying scheme. This paper 
will analyze the digital twelve-channel GPS simulator’s operational principle and describe a system 
design based on the idea of “software radio”. 

 
 

 THE CHARACTORS OF GPS SIGNALS 
 

1 GPS signals’ characters in time domain 



GPS adopts pseudo-random code spread spectrum technique. The frequency spectrum of signals 
sent from GPS satellites is made up of two ramifications of the L1 and L2 registered bands. At the 
primary frequency L1, there are C/A-code(Coarse Acquisition Code)�P-code(Precise Code) and 
D-code(navigation text) modulated. But at the secondary frequency L2, there are only P-code and 
D-code modulated. P-code's code length is 235469592765×103  code elements, and its period is 
about 266 days and 9 hours. C/A-code's code length is 1023 code elements, and its period is 1ms.The 
generating method of single GPS satellite’s signal is as shown in Fig 1. 
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Fig 1.The generating methods of single GPS satellite 

 
According to the Fig.1, the equation of the modulated signals sent from the single GPS satellite is 

given by 
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where  Ap , Ac=the amplitude 
P(t)=P-code  
C(t)=C/A-code 
D(t)=Navigation text 
fL1=1575.42MHz 
fL2=1227.6MHz 
φ10 ,φ20=the initial phase. 

The signals reach the ground after a certain time. If the time of receipt is as reference time, the single 
channel GPS signals of receipt are given by 
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where f1d, f2d=Doppler frequency shift 
τ1,τ2=the GPS signals' traveling time. 
 

2 GPS signals’ characters in frequency domain  
Because P-code is difficult to acquire, it is mostly used in American military. Generally other GPS 

receiver users all use the C/A-code GPS receivers. In the next paragraph, the conclusion will be 
demonstrated that for the C/A-code GPS receiver users, the GPS simulator only needs to simulate the 



C/A-code signal (the signal modulated by C/A-code) at L1 frequency. 
 
P-code and C/A-code are a group of pseudo random codes, which have noise characteristics and 

can be duplicated. So the modulated signals’ carrier frequencies are suppressed. The signals’ power 
spectrum density is like the shape of function (sinx/x)2. If fb1 and fb2 are C/A-code and P-code' code 
rates, fb1=1.023MHz, fb2=10.23MHz, the cutoff frequencies of GPS signals' main lobe are (fLk±fbi)(k
�1�2�i�1�2) . It means that if the narrow band (50bit/s) data stream D-code is spread spectrum by 
P-code or C/A-code�its bandwidth will be spread to the 20.46MHz or 2.046MHz. 

 
At frequency L1, the C/A-code signal and P-code signal’s power spectrum ratio is about 3dB, and 

their power spectrum density ratio is about 20dB.When the bandwidth of the filter in the GPS 
receiver is selected properly, the C/A-code signal can pass almost all the energy, but the P-code signal 
could pass little energy. So for the C/A-code GPS receiver, P-code can be thought of the stationary 
random noise. If the noise not being considered of, the single channel GPS signals of receipt are 
given by  

])(2sin[)()( 101111 φπττ ++−−= tfftDtCAS dLcR                  (3) 

 
3 The expression of multichannel GPS signals 

At the same moment, a GPS receiver can observe several satellites and calculate the measured 
point's coordinate according to the four measured distances between satellites and this point. So the 
GPS simulator must emulate all the visible satellites' signals in real time. 

 
If the P-code signals and noise are not considered of, the transmitting signal of the number i 

satellite is given by 

)2sin()()()( 1 iLiic
i tftDtCAtS φπ +=                       (4) 

where Ac=the C/A-code signal's amplitude. 
 

Because the traveling time�doppler frequency shift and signal intensity of each GPS satellite's 
signal are different from that of any others, the receiving signal can be expressed as 

∑
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where  i=the number of GPS satellites 
M=the number of visible GPS satellites. 

When the minimum elevation is selected as 5º, a GPS receiver can observe 12 GPS satellites at best at 
the same moment. So the number of the GPS simulator’s channels is selected as 12. 
 
 

 THE MATHEMATIC MODEL OF THE GPS SIMULATOR 



   According to the expression (5), a mathematic model of the twelve-channel digital modulated 
GPS simulator can be set up based on the idea of “software radio”, as shown in Fig.2.  
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Fig.2 The mathematic model of the twelve-channel GPS simulator 

   
   In the next paragraph, one channel of this mathematic model will be discussed in detail. Firstly, 
the base band signal generated by computer (or DSP) is modulated by digital carrier wave, which is at 
frequency f1=4.58MHz.Based on the sample theorem, the system sample frequency fs should be 
greater than 2f1=9.16MHz. With provision of the factors of hardware design, 20MHz is selected as 
the system sample frequency. With the relative motion from the GPS receiver to the GPS satellites 
considered, the center frequency must plus the doppler frequency shift 

  
c
fvf L
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=                       (6) 

where c=the speed of light 
v=the relative velocity between the satellite and the GPS receiver. 

When the satellite is close to the receiver,“�”is chosen; when the satellite is far away from the 
receiver, “-”is chosen. The modulated signal S1

i(n) is given by 
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Because the frequency spectrum of the D/A conversion is like the shape of the function (sinx/x), if the 
signal S1

i(n) is D/A converted directly, only the signal whose carrier wave is less than fs/2=10MHz 
can be gotten, or else the signal would be attenuated and have the nonlinear changes, as shown in 
Fig.3. 
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Fig.3 The frequency spectrum of the signal before interpolation 
 
In the idea of “software radio”, the IF or RF signal is expected to generate directly after D/A 

conversion, in order to reduce the difficulties of the hardware design and make the best of the 
adaptability of the software design. The applying of the interpolation theory will make it possible to 



generate higher frequency signals by using lower sample frequency to meet the need of CPU or 
FPGA's operational speed. If three zeros interpolated between every two sample points of the signal 
S1

i(t), the signal after interpolation is S4
i(t). Then the sample speed is still fs=20MHz, but the speed of 

the D/A conversion becomes fs´=4fs=80MHz. 
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Fig.4 The frequency spectrum of the signal after interpolation 

    
As shown in Fig.4,the frequency spectrum of the signal after interpolation includes not only the 

base band signal but also the “enantiomorphous frequency ramifications” of the signal which in the 
frequency band [(m-1)fs/2�mfs/2](m=1,2,3,4). The frequency spectrum structure of all of these 
“enantiomorphous frequency ramifications” is the same as the base band signal except the center 
frequency. So if the filter’s center frequency is selected as f20�40-4.58�35.42MHz and its bandwidth 
selected as fB� [2max(f1d,f2d,…f12d)+2.046MHz], the filtered signal’s center frequency will be 
f2=(f20+fid), as shown in the following expression: 

+−−= 22 (2sin[)()()( ftDtCAtS iiiii
i πττ ]) iid tf φ+                     (8) 

  After mixing with the carrier wave at the frequency 1540MHz, filtered by the band pass filter whose 
center frequency is fL1 and properly attenuation, the final GPS simulated signal will be gotten, as 
shown in the expression (4). 
    

This mathematic model has been emulated through the SystemView software. In the simulation 
analysis, the 32 bits NCO is selected to generate digital carrier wave, 14 bits D/A conversion turning 
the digital signal to the analog signal and 5-order elliptic filter band passing the analog signal. The 
signals before IF filtering and after IF filtering are shown in Fig .5 and Fig. 6.  That the 
Spurious-Free Dynamic Range (SFDR) of the signal in Fig.6 is greater than 55dB demonstrates the 
feasibility of the mathematic model. 
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Fig.5 The emulated result of the signal before IF filtering 
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Fig.6 The emulated result of the IF signal 

 
 

THE HARDWARE DISIGN OF THE GPS SIMULATOR 
GPS signal simulator’s main parameters are the visible satellites’ number i (i=1,2…12), the 

signals’ traveling timeτ i� the signals’ doppler frequency shift fid and amplitude Ai. All these 
parameters must be calculated in real time, so the system is made up of a computer and a PCI cards to 
meet the need of high calculation speed and the large amount of data processing.  

 
The computer calculates all the parameters in real time. The PCI card produces the GPS 

simulating signals. It includes a DSP�FPGA�D/A�filter and a RF module, etc. The DSP generates the 
visible satellites’ C/A codes by looking for the table, and using these codes to modulate the navigation 
data. The FPGA offers required frequency digital carrier waves by the means of DDS (direct-digital 
frequency synthesis),and achieves the facilities of BPSK modulation, signals’ time delay, twelve 
channels’ signals synthesis and four times zero interpolation. After D/A transformation and filtering, 
the IF signal is produced. RF GPS simulating signal will be achieved by two-step up-conversion. The 
structure of PCI card is shown in Fig.7. 
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Fig.7 The structure of PCI card  

 
 

CONCLUSIONS 
 This scheme makes the D/A transformation approach the antenna as near as possible and 
synthesizes twelve channel signals in the digital part, so that there is little time delay error among 
different channels. In the same time, the computer and FPGA complete the great mass of functions by 
software design, such as working frequency, modulation types, data formats and communication 
protocols, etc, with the result that hardware design is much easier, function design more flexible, cost 
lower and development cycle much shorter.  
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ABSTRACT 

 
The Equipment Time-Delay (ETD) measurement technology for Continuous Wave (CW) 
transponder is discussed with emphasis on the principle of measuring the ETD of the 
intermediate frequency (IF) modulation transponder through measuring subcarrier modulation 
sideband tone phase. A general method for measuring ETD of different types of transponder 
(including IF-modulation transponder) is introduced. Finally the measurement method error is 
analyzed. 
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INTRODUCTION 
 

In the Continuous Wave (CW) tracking measurement system, the signal will be delayed for a fixed 
time when it goes through the equipment because there are inertial elements in the equipment. The 
fixed time delay is called Equipment Time-Delay (ETD). The ETD measurement error and 
variation will introduce ranging error, which takes a large proportion in total error. How to 
accurately measure the ETD of the ground station and spaceborne transponder is an important 
research theme in the CW tracking measurement system. The traditional method for measuring 
ETD is comparison. A wideband frequency converter with small ETD is used as a reference 
because difference exists in uplink and downlink carrier frequencies. The ETD difference of the 
transponder and the frequency converter, CT ττ − , can be get by the ETD Measurement System. 
The ETD sum of the ground station and the reference frequency converter CG ττ +  can be get 
through the ground station calibration and be added with the result measured from the ETD 
measurement system, then the ETD of the tracking measurement system TG ττ +  can be obtained. 
During the course of the spacecraft measurement, the flying reality range time-delay τ of 
spacecraft can be obtained by subtracting the system ETD from the measuring range data of the 
ground station, then the reality range of spacecraft, 2τCR = ,can be calculated. 
 
In the early 1980s, we successfully developed an ETD measurement system for transponder1, 
which can directly measure the ETD of the measured unit (transponder or calibration frequency 
converter) without comparison. The operation principle is shown in Figure1. Under the 
measurement state, the switch is set to position 1, and the testing receiver is tuned onto downlink 
frequency so as to get the ETD ET ττ +  of the measured transponder and the measurement 
system; under self-correction, the switch is set to Position 2, and the testing receiver is tuned onto 
uplink frequency so as to get the ETD Eτ of the measurement system itself. The ETD Tτ of the 
measured transponder will be calculated when making a subtraction Eτ  from ET ττ + . The 
measurement error induced by different carrier frequencies can be neglected because the wideband 
frequency mixer is used in testing receiver, and the range tone and modulation forms for uplink 
and downlink signals of tracking measurement system are same. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1.  ETD Measurement System 
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The above method is only applicable to coherent transponding system or frequency transform 
transponding system, and not applicable to the IF-modulation transponding tracking system2. Its 
transponder can be illustrated in Figure 2. Due to the different modulation form of range tone 
between uplink and downlink signals in IF-modulation measurement system, the uplink tone is 
directly modulated onto the uplink carrier while the downlink tone is modulated onto IF-subcarrier 
and then the subcarrier is modulated onto downlink carrier, the transponder ETD can not be 
measured by above ETD measurement method. Therefore, the ground station calibration testing 
with the transponder is usually adopted to derive the whole system ETD TG ττ + . The ETD 
calibration of the ground station takes the special calibration transponder with a smaller ETD as 
the reference, the ETD of the calibration transponder is obtained by test or estimation of its 
elements’ parameters, so the induced range error may be larger. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 2.  Schematic Diagram of IF-Modulation Transponder 
 
 
This paper describes the CW transponder ETD measurement technology, with emphasis on 
operation principle of the IF-modulation transponder ETD measurement performed by measuring 
the range tone phase of the first order downlink subcarrier modulation sideband, introduces the 
common ETD measurement method for all kinds of CW transponder, including coherent 
transponder, frequency transform transponder, IF-modulation transponder as well as coherent and 
non-coherent combining transponder3, and finally analyzes the measurement method errors. 

 
 

PRINCIPLE OF MEASURING ETD BY DEMODULATING TONE ON SIDEBAND 
 
1.Format of Signal 
 
The schematic diagram of IF modulation transponder and its uplink and downlink spectrum is 
shown in Figure 2. The uplink signal is phase-modulated by the range tone, that is to say, the 
uplink signal of system is represented as 
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( ) ( )[ ]0Φ+Ω∆Φ+= tCostSinAtU iii ω                                  (2-1) 

 
where iω  = the carrier angular frequency of uplink signal, 

∆Φ = the phase modulation index of range tone, 
Ω  = the angular frequency of range tone, and 

0Φ = the initial phase of range tone. 
 
The system downlink signal is secondary phase modulation. The uplink signal received by 
transponder from the ground station becomes the IF (f c) subcarrier signal after twice frequency 
conversion, then phase modulated onto the downlink carrier. So, the downlink signal transponded 
by transponder is represented as: 
 

( ) ( )[ ]{ }10 Φ+Ω∆Φ+∆+= tCostSintSinAtU ccR ωθω                          (2-2)             
 
where 0ω  = the carrier angular frequency of downlink signal, 

θ∆  = the phase modulation index of subcarrier, 
cω  = the angular frequency of subcarrier, 

1Φ  = the initial phase of transponded range tone. 
 
When bandwidth is not limited, the spectral characteristic of the downlink signal is: 
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Where we used the identity 
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Equation(2-3) yields two types of sideband terms: the carrier 0ω  and a set of sidebands 

cnωω ±0 . 
 
Because of the limitation of transmitting channel bandwidth of transponder and receiving 
bandwidth of ground stations, the signal arriving at ground station contains only the first order 
sideband and the phase and modulation index of tone signal of upper and lower sideband is varied, 
that is to say, the following equation exists: 
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where the first item from right is the downlink carrier signal, the second item is the first order 

upper sideband signal and the third item is the first order lower sideband signal; 1∆Φ  and 
'
1∆Φ  are the phase modulation index of the upper and lower sideband tone , respectively; 

and 1Φ  and '
1Φ  represent respectively the tone phase of the upper and lower sideband. 

 
From equation (2-1), (2-2) and (2-4) it can be seen that: 
 

1) The secondary demodulation scheme must be adopted for the IF-modulation 
transponding ground station. In the first coherent demodulation, the subcarrier signal can 
be recovered to extract coherent carrier Doppler frequency for the velocity measurement 
of object. In the second demodulation, the range tone can be recovered to complete the 
ranging of object; 

 
2) The ETD of IF modulation transponder can not be measured with traditional methods 

because the tone modulation forms of uplink and downlink signal are different; 
 

3) The ETD information of transponder is included in the range tone of the upper and lower 
sideband of downlink. With testing receiver tuned onto the upper or lower sideband, the 
measurement system can demodulate its range tones respectively, thus, the tone phase 

1Φ , '
1Φ  and amplitude 1∆Φ , '

1∆Φ  can be accurately measured, because the range tone 
and its modulation form of the first order sideband of the transponder is the same as that 
of the uplink signal so that the ETD test state is consistent with self-calibration state in 
order to accurately deduce the fixed time delay of ETD measurement system itself. If the 
accurately corresponding algorithm between the secondary demodulation range tone 
phase and the phase and amplitude of range tone of upper and lower sideband can be 
found, the measurement of ETD of various types of transponder can be realized.  

 
2.Algorithm of ETD by Sideband Measurement 
 
The secondary demodulation principle of ground station is shown in Figure 3. The received signal 
transponded by transponder multiplies the coherent local carrier tCos 0ω  to complete the first 
coherent demodulation. Then it multiplies the coherent local subcarrier tCos cω  to complete the 
second coherent demodulation. The secondary demodulation output signal U0(t) is represented as: 
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Figure 3. Secondary Coherent Demodulation 

 
 

Under the condition of small angle modulation and linear demodulation, θθ ≈Sin , then 
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The ETD of transponder is: 
 

( )014
Φ−Φ+Φ⋅=

CT π
λτ                                                   (2-7) 

 
where λ  = the wavelength of range tone, 

C = velocity of light, and 
( )01 Φ−Φ+Φ  =the tone phase induced by time delay of transponder. 

 
Thus it can be seen that the ETD of transponder can be calculated with equation (2-6) and (2-7) if 
the amplitude and phase of the upper and lower sideband tone are measured respectively. 
 
In case of '

11 ∆Φ=∆Φ , ( ) 21
'
1 Φ−Φ=Φ  can be obtained from equation (2-6). Then, the ETD of 

transponder is simplified as: 
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where 01 Φ−Φ  = the upper sideband tone phase shift induced by time delay of transponder 

0
'
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Φ−Φ  = the lower sideband tone phase shift induced by time delay of transponder. 
 
 

HOW TO MEASURE THE ETD BY SIDEBANDS 
 

1. Principle of Sideband Coherent Demodulation 
 
The sideband coherent demodulation is shown in Figure 4. Tune respectively the testing receivers 
on the sideband carrier frequency and multiply the coherent local signal ( )tCos cωω +0  or 

( )tCos cωω −0 , the range tone can be demodulated from sideband. Equation (2-4) multiplying 
( )tCos cωω +0  can get the range tone demodulated from the upper sideband, which is: 

 
 
 
 
 
 

 
Figure 4. Sideband Coherent Demodulation 
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Thus the amplitude 1∆Φ  and phase 1Φ  of upper sideband tone can be obtained. 
 
Similarly, the lower sideband tone can be obtained which is: 
 

( ) ( ) ( )''
11 12
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Φ+Ω∆Φ∆≈ tCosJAtU cd θ  

 
So, the phase shifts of upper and lower sideband tones can be measured respectively using 
sideband coherent demodulation, then the ETD of IF modulation transponder can be calculated by 
equations (2-6) and (2-7). 
 

UR(t)

Cos(ω0+ωc)t or Cos(ω0-ωc)t 

Up(t) or Ud(t) 



2. How to Measure the ETD by Sidebands 
 
Shown in figure 5 is how to measure the ETD of IF modulation transponder with the aid of 
sideband demodulation. The measuring process is as follows: 

 
1) Set the switch on position 2, tune the testing receiver frequency onto the uplink signal. 

The measurement system performs self-calibrating. Then measure the tone phase 
difference EΦ  of measurement system itself; 
 

2) Set the switch on position 1, tune the testing receiver frequency onto the upper sideband 
transponded by transponder. Measure the phase 2Φ  of the upper sideband range tone. 
Then, tune the testing receiver frequency onto the lower sideband transponded by 
transponder, measure the lower sideband range tone phase '

2Φ , then the upper and lower 
sideband range tone phase shift induced by the time delay of transponder is: 

 
EΦ−Φ=Φ−Φ 201  and EΦ−Φ=Φ−Φ '

0
'

21
 

 
3) Substituting above data into equation (2-8) can get the ETD of IF modulation 

transponder. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 5. Sideband Measurement 
 
 
3.General Method for ETD of CW Transponders 
 
From above analysis it can be seen that the ETD of IF modulation transponder can be obtained by 
measuring the range tone phase shift of the first order sideband transponded by transponder. The 
ETD testing principle shown in figure 1 can be used as the general measurement method for ETD 
of three kinds of transponders. For coherent or frequency transform transponders, the tone phase 
shift of downlink carrier signal is measured to obtain the ETD of transponder; for IF modulation 
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transponder, the tone phase shift of the upper and lower first order sideband transponded by 
transponder is respectively measured and then the ETD of transponder is calculated with equation 
(2-8). 
 
 

ERROR OF ETD ALGORITHM FOR SIDEBAND MEASUREMENT 
 

Because of complexity of equation (2-6) and small difference between upper and lower sideband 
tone modulation index, equation (2-8) is usually used to calculate the ETD of transponder in 
engineering application. When '

11 ∆Φ≠∆Φ , algorithm error will appear. From equation (2-6) the 
tone phase error between the algorithm and actual phase is: 
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The phase error ∆  vs. ( )1

'
1 Φ−Φ  with '

11 ∆Φ∆Φ  as a parameter is shown in figure 6. 
 

 
Figure 6. Approximately Algorithm Error 

 
 

According to the principle of IF modulation transponder and actual test results, it can be known 
that the relative difference of modulation index between upper and lower sideband tone is usually 



less than 0.5dB, and the tone phase difference 2.01
'
1 ≤Φ−Φ rad. Based on figure 6, it can be 

seen that the induced phase error 0029.0≤∆ rad, so the algorithm error can be neglected. If upper 
tone phase is equal to that of the lower, 1

'
1 Φ=Φ , then the ETD of transponder can be obtained by 

only measuring the tone phase of one sideband. 
 
 

CONCLUSION 
 
Above measurement principle has been verified in the general ETD measurement equipment of 
CW transponders. Adopting all-digitized signal processing terminals and with software 
reconfiguration technology the ETD of coherent transponder, frequency transform transponder and 
also IF modulation transponder can be respectively measured, providing useful data for improving 
tracking system range accuracy. 
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 ABSTRACT 
 
This paper describes the construction of an autonomous soccer playing robot as part of a senior 
design project at Brigham Young University.  Each participating team designed and built a robot 
to compete in an annual tournament.  To accomplish this, each team had access to images 
received from a camera placed above a soccer field.  The creation of image processing and 
artificial intelligence software were required to allow the robot to perform against other robots in 
a one-on-one competition.  Each participating team was given resources to accomplish this 
project.  This paper contains a summary of the experiences gained by team members and also a 
description of the key components created for the robot named Prometheus to compete and win 
the annual tournament. 
 
 KEY WORDS 
 
Robot Soccer, Senior Design Project, Artificial Intelligence, Autonomous Control, Histogram, 
Normalized Color, Robot Vision. 
 
 INTRODUCTION 
 
The 2000-2001 robot soccer tournament at Brigham Young University was the culmination of 
three years of collegiate undergraduate experience for the twenty-seven students who 
participated in this multi-university event.  This Brigham Young University sponsored event was 
created by Dr. James K. Archibald and Dr. Randal W. Beard for students as a senior design 
project, similar to other universities which use robots as part of a design project (see [4] and [5]). 



 
The goal of robot soccer as a senior design project was to provide a team-based multi-
disciplinary approach to a real world problem, gaining experience by trying to meet hard 
deadlines and working with others to provide results that no individual team member could 
create alone.  In addition, other skills were developed through monthly presentations to faculty 
and the writing of documents meant to chronicle everything from team thought processes to the 
desired specifications of the finished robot.   
 
Using these processes and by creating goals for our team, we created our robot, Prometheus [1], 
to compete in the 2000-2001 BYU robot soccer tournament. 
 
 COMPETITION FORMAT 
 
Competition Rules 
 
Each round of the robot soccer competition consisted of six thirty-second, one-on-one shootouts 
(called “matches”), with each robot starting as the offensive player for three of the matches.  The 
robots and ball were required to be placed on the field according to certain time constraints 
which will not be repeated here for the sake of brevity[2].  Both the offensive and defensive 
robots could score, and the winner of the round was the robot that scored the most goals in the 
six matches.  When play began for a given match the robots’ operators directed the robot to start, 
and from then until the end of the match the robot needed to play completely autonomously. 
 
Robots were not allowed to move the ball in such a way that the opponent robot could not take it 
away.  “At least one half the ball's diameter must be visible at all times from a view directly 
overhead the side of the robot in contact with the ball” (Archibald 2000).  The robot was allowed 
to have incidental contact with its opponent, but aggressive or uncontrolled behavior was 
penalized. 
 
Field Layout and Provided Hardware 
 
The field was nine feet by five feet 
with the standard soccer markings, as 
shown in Figure 1.  Vision was 
provided to the robots via a camera 
suspended over the field, which 
dumped data into a computer 
workstation through a frame-grabber 
at thirty frames per second. 
 
Communication between the 
workstation and the robot was 
provided by RF transmission using a 

Figure 1. Field overhead view. 



Linx1 HP Series-II transmitter and a corresponding receiver operating between 903.37 and 
921.37 MHz.  Commands received from the workstation were processed using a Handy Board, 
which is a small microcontroller board designed by MIT. 
 
Robot Design Rules 
 
Offensive and defensive players were identified and distinguished by a pair of colored patches 
atop the robot.  Each robot had one green patch that served as a help for orientation.  The other 
patch was red for the offensive robot and blue for defensive robot.  These colors were switched 
on the robots between each match.  All other visible parts of the robot were required to be black 
or dark gray.  Each robot was required to fit completely within a seven-inch cube, including its 
body, sensors, patches, kickers, etc., with the only exception being its antennae, which could 
extend beyond the limits of the cube. 
 
 
 DESIGN 
 
HARDWARE 
 
The drive system consisted of two motors 
mounted on the middle of an aluminum 
chassis (see Figure 2).  The motors were 
arranged in a differential drive configuration 
such that each had complete freedom from 
the other.  Both motors could be turned on in 
the same direction for forward movement or 
in opposing directions to spin the robot.  The 
motors were driven by a pulse width 
modulated signal originating from the MIT 
Handy Board such that each motor could 
move at any speed, enabling turns to be 
made with a radius anywhere from zero to 
infinity. 
 
The Handy Board sent these PWM signals to 
the motors through two of four motor drivers 
it carries on board.  One of the remaining drivers was used to activate a relay which shorted the 
contacts of the motors together.  With the contacts shorted together the back EMF of the motors 
resisted any movement whatsoever.  This allowed the implementation of brakes on the robot, 
which proved to be very effective.  The remaining driver was used to power an electrically 
activated pressure valve.  This valve controlled the flow of CO2 to a pneumatic kicker which was 
installed on the front of the robot.  
When the valve opened, the kicker would activate and when closed the kicker would 

                                                 

 1Linx is a registered trademark of Linx Technologies, Inc. 

Figure 2. Prometheus. 



automatically retract to its position inside the robot.  The kicker had about 1 ½ inches of travel 
and the high pressure CO2 cartridge provided ample power to the kick. 
 
Of course, to successfully kick the ball, it had to be in the right place.  A plow was needed on the 
front of the robot that would keep the ball in range of the kicker.  Our design constraints were 
that ½ of the ball had to be visible from both 
the top and side of the robot at all times.  In 
addition, teams were not allowed to “grab 
onto” the ball such that it could not be stolen 
by an opponent.  A V-shaped design, 
(shown in Figure 3), was settled on for the 
plow in order to funnel the ball toward the 
center of the robot.   
 
In addition, the plow was curved to have the 
same inside radius as the radius of the ball.  
The inside surface of the plow was covered with sandpaper.  The plow was mounted on springs 
in order to put downward pressure on the ball.  The ball then would get “wedged” in between the 
plow and the playing field.  The robot could push the ball around like a building block because it 
did not roll when the robot was moving forward. However, another robot could still steal the ball 
from our robot, granted, with more than an inconsequential effort.  The robot could also perform 
larger radius turns while maintaining control of the ball.  In addition, the plow only contacted the 
ball over the top half.  This allowed the kicker to move freely underneath the plow. 
 
Again, all of the electronics on board were controlled by the Handy Board.  The Handy Board 
had an RS-232 input which was used to receive the commands from a radio receiver which 
received commands from a transmitter hooked to the PC.  The commands consisted of four bytes 
of data which were decoded to produce speeds for the motors.  Some special commands were 
also used to signal the braking routine and the kicking function. 
 
ARTIFICIAL INTELLIGENCE 
 
Most of the soccer-playing robots were very similar in appearance.  The key feature that 
differentiated how the robots performed during competition was the control software that 
dictated how they operated.  Data transmitted serially to Prometheus from the controlling 
computer could only communicate basic information on how much voltage to apply to the 
robot’s motor drivers.  The artificial intelligence therefore was required not only to decide where 
to place the robot, but also the precise detail in what voltages needed to be sent in order to 
perform the desired action.  To accomplish these tasks, Prometheus’ artificial intelligence was 
broken up into three fully integrated components: high-level artificial intelligence, offensive and 
defensive functions, and robot control primitives.   
 
The high-level artificial intelligence was organized in a branch structure.  Through the use of a 
graphical user interface, strategies before each match were selected–much like a coach calls 
plays during a game.  These initial inputs were given to the artificial intelligence system which 
used them as a starting point on one of its branches.  After each match began, no more input was 

Figure 3. Plow Design 



allowed to be given by the user and the robot was required to use the information supplied by the 
vision system.  At this point, the high-level artificial intelligence would begin to process this 
information and determine which additional branch to take.  Each choice was dependent upon 
the locations of the robots, the past actions of the robot, and the current and past locations of the 
ball.   
 
The offensive and defensive functions were created to be abstractions of the lowest level 
functions.  The functions in this group included complex tasks that required the use of many of 
the control primitives.  Some of the 
characteristics of the functions in this group 
were miniature branch decision structures 
and reliance upon proximity checking.  
One of the biggest problems with decision-
making for the robot that this class of 
functions needed to overcome was the issue 
of accuracy.  For example, Prometheus’ 
ricochet function, (illustrated in Figure 4),  
needed to capture the ball, determine where 
to turn to in order to fire the ball into the 
wall using its pneumatic kicker, and then 
turn to that angle and fire.  The issue of 
accuracy arose in turning to the precise angle needed to accomplish this task.  This was resolved 
through the use of “dead zones”.  Dead zones were areas which allowed for the hardware 
imprecision by determining that if an angle was within certain bounds of the desired angle, or if 
the robot was within a certain radius of a desired position, the functions would consider the robot 
close enough to the desired angle or location to continue. 
 
The robot control primitives were what really differentiated a mediocre robot from an excellent 
robot.  These functions were the building blocks of everything else that was done on the artificial 
intelligence.  The functions that are considered primitives included a function for position, one 
for turning to the correct angle, one for getting behind the ball, and a function to get Prometheus 
“unstuck” from the wall.  Primitives used past and current information on velocities and position 
to determine the actual velocities that were sent to the robot.  Precise locations were arrived at in 
the position function through the use of proportional integral derivative control which used the 
information of the changes in angle and velocity made in previous movements as well as the 
currently calculated velocities to create a set of velocities sent to the motors. 
 
VISION 
 
Two vision systems were written for the robot.  They were used at different stages of the 
competition.  One followed a system suggested by the faculty advisors in late November, 2000.  
The other was an adaptation of a vision system used by the University of Queensland RoboRoos 
team of 2000, that competed in the RoboCup robot-soccer tournament [3].  Both systems had 
strengths and weaknesses.  The first will be called the normalized vision system (for reasons that 
will be described later) and the second will be called the histogramming vision system. 
 

Figure 4. Ricochet Shot. 



The normalized vision system normalized colors on the field to identify the color patches on the 
top of the robot.  The same “color” of red could have a number of different intensities.  That is to 
say, the proportions of red, green, and blue in the pixels were the same, but the values 
themselves were different.  One pixel might have had a red, green, blue (RGB) value of (80, 20, 
12), and another might have had an RGB value of (120, 30,18)–the colors were the same, 
proportionately, but the second pixel was brighter than the first. 
 
To get the computer to recognize two reds of differing intensity as the same color, one could 
“normalize” the color: that is, one could reduce or increase the intensities of the pixels until they 
appear identical.  If the red, green, and blue values of the pixel were viewed as orthogonal 
vectors, this would be analogous to normalizing the vector.  Just as two vectors could point in the 
same direction but have differing length, the two pixels were the same color, but of differing 
intensities.  If the two vectors were normalized, the colors became identical.  Before normalizing 
the colors in the 24-bit-per-pixel color that came from the camera (256 values each of red, green, 
and blue intensity), there were a total of 2563 distinct value combinations.  After normalizing the 
colors (i.e. removing intensity information) the computer only had to deal with 256 distinct 
colors. 
 
For example, if one had a pixel with red, green, and blue values r, g, and b, respectively, one 
could normalize it by resetting the values as follows: 
 
 r norm = 255 * (float)r/(float)(r + g + b) 
 gnorm = 255 * (float)g/(float)(r + g + b) 
 bnorm = 255 * (float)b/(float)(r + g + b) 
 
This normalizes the colors so that the sum of the red, green, and blue values of the pixel sum to 
255.  One can then check to see if the pixel is within the color bounds defined as “red.” 
 
The histogramming vision system used a color histogram to reject the most common colors on 
the field under the assumption that the most common colors in the field image were the field 
colors.  Three arrays of 256 
color values were kept–one for 
red, one for green, and one for 
blue.  For each pixel on the 
field the array value in the 
color array that corresponds to 
the color intensity of the pixel 
was incremented.  For 
example, if a pixel with RGB 
value (20,156,83) was being 
added to the histogram, the red 
array at position 20 was 
incremented, the green array at 
position 156 was incremented, and the blue array at position 83 was incremented.  The algorithm 
would then keep track of the position with the most “hits” in the array.  When the color 
histogram operation was complete, the upper and lower bounds of the region to be ignored were 

Figure 5. The field after histogram background rejection. 



widened until the values fell off below a certain level (see Figure 5).  Patches on the field were 
located by performing a second pass through the field image using the color bounds defined by 
the histogram. 
 
The histogramming vision system worked beautifully when lighting conditions were fairly 
uniform.  That is, it worked nearly perfectly–at thirty frames per second–in lighting situations 
where the light was even across the field.  For the practice competition and the preliminary 
(seeding) competition the field was in a room with uniform, fluorescent lighting, so the 
histogramming vision system was used.  In the final robot soccer competition, however, the field 
had spotlights for lighting, which threw off the histogram.  Consequently, the normalized vision 
system was used. 
 
 RESULTS AND CONCLUSIONS 
 
This project was a wonderful introduction into the field of robotics.  Throughout the eight 
months that our team spent working on Prometheus, we learned the nature of team dynamics and 
how teams can effectively accomplish goals.  This senior design project also taught us of the 
importance of planning, scheduling, and using a top-down design methodology.  Using these 
techniques, Prometheus was victorious in the eight-team field at the final tournament. 
 
One of the largest factors in Prometheus’ victory was its software.  As we designed Prometheus, 
we discovered that the majority of the time spent on the system would need to be on the 
software.  For this reason, we designed Prometheus’ hardware early in the project and dedicated 
the remainder of the time with the software. 
 
Our three-man team used their expertise to enhance the project.  Each team member was given 
control over one facet of the project: hardware, vision, and artificial intelligence.  The members 
then had their own design responsibilities and tasks to perform.  As strategy meetings were held, 
each member was able to report on the status of their end of the project.  In addition, team 
dynamics were quickly discovered and the team was organized with a project leader to keep the 
effort on schedule. 
 
The project brought out the best in many teams besides our own.  Several innovative hardware 
and software ideas were implemented.  These included teams with rotating chassis, rollers to put 
a spin on the ball to better hold it, and several different kickers.  Although only one team could 
win the tournament, all of the students who participated in this event greatly enjoyed their 
experience.   
 
As this event is continued, students will continue to work on the foundation laid by those who 
completed this design project in previous years.  New techniques for increasing the speed of the 
vision system, different approaches to artificial intelligence and more innovative hardware ideas 
are in store for the future.  As this project garners more support, many more students will be able 
to enjoy this experience-building engineering competition. 
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ABSTRACT  
 
Problems associated with telemetry blackout caused by the plasma sheath surrounding a hypersonic 
vehicle are addressed. In particular, the critical nature of overcoming this limitation for test and 
evaluation purposes is detailed. Since the telemetry blackout causes great concern for atmospheric 
cruise vehicles, ballistic missiles, and reentry vehicles, there have been many proposed approaches 
to solving the problem. This paper overviews aerodynamic design methodologies, for which the 
required technologies are only now being realized, which may allow for uninterrupted transmission 
through a plasma sheath. The severity of the signal attenuation is dependent on vehicle 
configuration, trajectory, flightpath, and mission.  
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INTRODUCTION 
 

From the dawn of time, mankind has dreamed of flight, to soar like the birds and venture to the stars. 
The first successful flight of the Wright Flyer opened a new frontier of possibilities. In a few short 
seconds, the cumulative dreams of humanity had suddenly become reality and, in those few seconds, 
a Pandora’s box of new challenges had been opened; challenges such as instrumentation and 
navigation, as well as advancing the theoretical basis of propulsion, structures, and aerodynamics. In 
the years since that 1902 flight, mankind has pushed the limits of technology to fly faster and higher, 
venture to the moon and back, and probe the reaches of the universe. Each of these goals was 
achieved through extensive testing and evaluation (T&E) of state-of-the-art vehicle prototypes. As 
each new step was completed, dreams became grander, design tolerances became smaller, and 
vehicles became increasingly complex. Associated with these changes, there were also increased 
government regulation, extensive cost cutting, and fundamental differences in acceptance of risk. 



 

Nowhere have these later changes been more devastating than in the T&E community where the 
burden of program success rests on their shoulders.  
 
The days of free spending and the learn-as-you-go attitude that began the X-Plane experimental 
flight test program in the 1940’s are long gone. Although the program remains, these ideologies have 
been replaced by the extensive use of ground testing, minimization of flight testing, and the crippling 
government stance that virtually mandates program cancellation at the first sign of failure. Of course, 
many of these regulations come with good intentions, such as promoting safety, preservation of life 
and the environment, and necessitating good science over gut instinct. Unfortunately, these 
regulations also rule out many of the learning aspects of flight testing in favor of test-point 
validation.  
 
For the realm of hypersonics (characterized by velocities greater than five times the speed of sound), 
ground testing is only possible to a certain point after which flight testing becomes necessary. The 
T&E of operational hypersonic cruise vehicles will be a challenge.  One of the major challenges will 
be the difficulty of radio frequency telemetry through a plasma field.  During certain hypersonic 
regimes, the plasma field generated around a vehicle can cause signal attenuation or complete 
communication blackout. Standard T&E procedures require real-time telemetry monitoring at all 
times, primarily for flight safety reasons. Without real-time monitoring it is extremely difficult to 
make quick decisions on when to abort a flight. This safety issue becomes significant if the vehicle is 
capable of sustained hypersonic flight. (Note that Mach number 10 flight allows travel to anywhere 
in the world in about an hour and a half; a strong military reason for developing a vehicle capable of 
such velocities.) A secondary reason for desiring the ability of real-time telemetry is for catastrophe 
analysis. Data collected milliseconds prior to a catastrophe could be critical in determining the cause, 
especially at hypersonic velocities (greater than about 1.5 km/s). In this case, real-time data 
telemetry could be absolutely critical since the velocities and altitudes involved imply that it is 
unlikely that onboard recorders would survive a crash (or be found if they do survive). A tertiary 
reason for real-time monitoring is test point validation. This is mostly a cost issue, but during normal 
envelope expansion, it is faster and cheaper to be able to verify a test-point during flight and proceed 
to the next test point without having to land and takeoff in between. 
 
Telemetry through plasma layers becomes essential when acknowledging the fact that most air-
breathing hypersonic vehicle concepts are unmanned aerial vehicles (UAVs), including missiles, 
reconnaissance and weapon delivery platforms, and test versions of access to space vehicles.  Public 
acceptance of a UAV in sustained hypersonic flight under autonomous control, especially if it is a 
weapon or capable of delivering a weapon, would be unlikely. As such, if current hypersonic vehicle 
designs were to become operational they could not be tested at Edwards Air Force Base (or 
elsewhere) for the reasons sited above.  
 
Air Force interest in pursuing a solution to telemetry through a plasma sheath has been renewed 
recently since the resulting methodology may dictate some hypersonic vehicle design requirements. 
(Note that the U.S. Air Force started research into telemetry through reentry plasma layers1 in 1959.) 
The design of a hypersonic vehicle is a complex series of tradeoffs between highly coupled systems, 
including, but not limited to, propulsion, control, volumetric, payload, fuel, structural, aerodynamic, 
mission, and telemetry requirements. One promising solution for allowing telemetry through plasma 
layers is through aerodynamic shaping of the vehicle leading edge to generate the desired plasma 



 

properties further downstream. Shaping of this type could possibly allow for telemetry at the tail of 
the vehicle with minimal signal attenuation. However, aerodynamic modification of a hypersonic 
vehicle after production would be more difficult and costly than designing the vehicle to account for 
the telemetry requirements in the beginning. As such, it is important to incorporate T&E concerns 
early in the vehicle design and mission selection phases so the requirements are accounted for when 
doing configuration studies. Therefore, solutions to radio frequency telemetry through a plasma 
sheath need to be researched before such vehicles get off the drawing board or entire programs may 
fail due to an inability to safely do testing. This effort is further complicated by the fact that the 
degree of ionization and the resulting attenuation or blackout of telemetry signals is dependent on 
vehicle geometry, angle of attack, mission, flight velocity, and altitude.  
 
 

HYPERSONIC FLOWFIELD 
 
The attenuation of the radio frequency signals between a hypersonic vehicle enveloped in a plasma 
sheath and the ground stations, satellites, and aircraft tracking it can be severe and in most cases will 
be total during a portion of the flight. Although it is known that the mechanism of plasma generation 
is through the shock heating of the air above the molecular dissociation and ionization temperatures, 
the mechanism of how to control or modify the plasma is not sufficiently understood. The ionization 
problem can also be further complicated by the presence of ablation products in the flowfield. 
 
In addition to propulsion, aerodynamic, and control issues, the ability to communicate through a 
plasma layer remains a critical area of research in hypersonic flight.2-6 The accurate knowledge of 
vehicle position, velocity, flightpath angle, and monitoring of overall vehicle health become 
especially important at hypersonic velocities. Due to the large velocity, a hypersonic vehicle has a 
tremendous amount of kinetic and potential energy as it travels through the atmosphere. At 
supersonic velocities, a shockwave is formed around the vehicle, thereby compressing and heating 
the oncoming air. At hypersonic velocities, this heating can be sufficient enough to increases the 
temperature above the dissociation and ionization temperatures of the air constituents, forming a 
plasma layer around the vehicle.  
 
The plasma is an electrically charged gas consisting of both ionized molecules and free electrons and 
is often considered as the fourth state of matter. The dissociation of oxygen (above temperatures of 
about 2,000 K) and nitrogen (above temperatures of about 4,000 K) populates the plasma field with 
NO+, N+, and O+ ions, along with neutralizing free electrons. In the most general sense, the term 
plasma refers to any electrically conducting gas regardless of the extent of ionization or degree of 
electrical neutrality associated with it. This layer of ionized gas between the shockwave the vehicle 
is referred to as the plasma sheath. During the communication blackout portion of the flight the 
plasma is characterized by electron concentrations on the order of 108 to 1013 electrons/cm3, 
depending on the configuration, flight velocity, trajectory, and location within the shock layer. It is 
the free electrons that attenuate or absorb the electromagnetic wave, especially when the 
transmission frequency is near to the plasma frequency. The plasma frequency is proportional to the 
square root of the electron density. Successful transmission through the plasma sheath will require 
transmission frequencies about the plasma frequency. Therefore, the solution to this problem will be 
achieved by lowering the electron density in the plasma sheath through aerodynamic shaping of the 
vehicle. 



 

There are three dominant mission scenarios for which telemetry through a plasma sheath is a 
concern: 1) an air-breathing hypersonic cruise vehicle, 2) an access to space vehicle, and 3) a 
ballistic missile. Although these missions seem fundamentally different, the general physics 
involved in the electromagnetic wave/plasma sheath interaction are the same. The access to space 
vehicle and ballistic missile are designed to leave and subsequently reenter the earth’s atmosphere. 
These types of vehicles could be traveling at velocities up to Mach number 26 (about 8 km/s). An 
air-breathing access to space vehicle would spend much more of its flight within earth’s atmosphere 
than a ballistic missile, and would likely be in a communication blackout for a significant amount of 
time. The air-breathing hypersonic cruise vehicle, which remains within the earth’s atmosphere to 
provide oxidizer for its engine(s), also has the added concern that for a majority of its flight profile, 
the vehicle could be enveloped within a plasma sheath. The cruise vehicle can be envisioned as a 
missile, a weapon delivery platform, or a reconnaissance vehicle, and thus be traveling at any 
hypersonic Mach number. Current Air Force T&E concerns are to develop the ability to test air-
breathing hypersonic cruise and access to space vehicles before the need arises.  
 
From as early on as the 1950’s, research has been performed in the United States on solutions to the 
problem of telemetry through plasma layers, primarily for blunt body reentry vehicles.2,7 Much of 
this work provides insight into the ionized flowfield and particulars of the electromagnetic 
wave/plasma sheath interaction. Unfortunately, previous research generally focused on blunt body 
reentry vehicles, such as the Gemini and Apollo capsules, and blunted cones for ballistic missiles.  
Of the work that has been done in this area, little has been published in the open literature due to 
security concerns. Air-breathing hypersonic cruise and access to space vehicles currently being 
researched are designed with sharp leading edges to minimize losses due to drag8, as shown by the 
missile in figure 1. By building on the past work for blunt bodies under the unction of the necessity 
of sharp leading-edge configurations, many benefits will be realized. 

Figure 1: Air-Breathing Hypersonic Missile Concept. 8 

 
 
 
 



 

BLUNT BODY REENTRY FLOWFIELD 
 
Vehicles at the reentry point in their trajectory are generally in a nose-up (high angle of attack) 
attitude in an effort to minimize surface heating. The surface heating increases inversely proportional 
to the square root of the radius (i.e., q ∝ R-1/2). By increasing the vehicle’s effective leading-edge 
radius for reentry there is a much more manageable heat load for the structure to handle, which 
requires that more of the heat be absorbed by the air resulting in higher temperatures and a higher 
degree of ionization. Conversely, by reducing the effective leading-edge radius, the electron 
concentration, and hence electromagnetic attenuation, is generally reduced (depending on the wave 
frequency) at the expense of increased localized heating at the leading edge. This localized heating 
for sharper leading edges has both advantages and disadvantages when considering telemetry 
through the plasma sheath; these details are explored in the section on aerodynamic shaping. 
 

 

Figure 2: Dummy MIRV Warheads On A Minuteman III Intercontinental 
Ballistic Missile (The Left One Has A Modified Sharp Leading Edge Design As 
A Part Of The SHARP Program At NASA Ames Research Center). 

 
Sample conical Multiple Independently Targetable Reentry Vehicles (MIRV) warheads launched 
from a Minuteman III Inter-Continental Ballistic Missile (ICBM) are shown in figure 2. The two 
vehicles on the right in figure 2 are the original design, while the one on the left has been modified 
with a sharp leading edge as part of the Slender Hypervelocity Aerothermodynamic Research Probes 
(SHARP) program9,10 at NASA Ames Research Center. Although not aimed at studying telemetry 



 

through plasma layers, the SHARP program is of considerable applicability since it is studying high 
temperature materials (hafnium diboride) that could be used to create leading edges with as low as 1 
mm radius. As noted previously, these sharper leading edges would have a dramatic impact on the 
reentry plasma and associated electron concentration. 
 
A pictorial of the plasma sheath3 around a MIRV-type vehicle upon reentry is shown in figure 3. 
There are five main regions used to characterize the flowfield around a decelerating hypersonic 
vehicle: stagnation region, intermediate region, aftbody region, wake region, and the boundary layer. 
Due to the unique nature of different vehicle configurations, the plasma electron density profile at 
any given location on a vehicle is a direct function of the vehicle shape, velocity, altitude, and angle 
of attack. Knowledge of the plasma electron density around a vehicle along with a better 
understanding of the characteristics for the different flowfield regions will allow for better design of 
the hypersonic vehicle to account for antenna type, placement, and utilization of communication 
blackout alleviation techniques. 

 

Figure 3: Flowfield Around a Representative Conical Reentry Vehicle.3 
 

The most severe plasma conditions exist in the stagnation region at the front of the vehicle. A nearly 
normal shock generates high temperatures and pressures in this region resulting in the highest levels 
of ionization. If the temperatures were high enough to ablate and ionize the leading-edge material, 
then the electron concentrations would be higher than possible for pure air alone. As a result of these 
conditions, the vehicle antennas are placed as far from the stagnation region as possible where the 
environmental conditions are generally orders of magnitude less severe. 
 
The intermediate region, which follows the stagnation region, is characterized by the plasma in a 
state of chemical nonequilibrium. Although the conditions in this region are not as severe as in the 
stagnation region, the communications blackout experienced by aft-mounted antennas are caused by 
this region if the vehicle is at a moderate angle of attack. If a high angle of attack is used, then the 



 

blackout is caused mainly by the aftbody region (depending on the flowfield streamlines). A 
hypersonic cruise or ascending access to space vehicle will generally be at a very low angle of 
attack.  
 
The plasma flowfield in the aftbody region is developed mostly by the flow whose streamlines pass 
through the oblique shock and flow past the aftbody. Correspondingly, the plasma conditions in this 
region are much less severe than the conditions in the intermediate region. 
 
At the base of the vehicle, the flow in the wake region exhibits a complex structure consisting of 
separated flow, circulation, and a large amount of electron ion recombination over part of the rear, 
and frozen flow over the other part. The plasma in this region generally will not affect 
communication if the frequency is greater than 1 GHz. If the flowfield is significantly contaminated 
with ablation products then there will be an effect on communication, even at frequencies greater 
than 1 GHz. For an air-breathing hypersonic vehicle, the base region would have a more tapered 
profile, as shown in the missile in figure 1. 
 
The final flow regime is the viscous boundary layer, which exists along the entire surface of the 
vehicle and is therefore part of each of the other four regions to some extent. As is characteristic of 
any boundary layer, large gradients in both temperature and velocity exist. Boundary layer 
ionization, in reference to signal attenuation, is only significant above an altitude of about 75 km 
where the boundary layer thickness is similar to the thickness of the shock layer.3 The properties in 
the inviscid region outside of the boundary layer generally have a much more significant effect on 
signal strength at lower altitudes. Therefore, the effects of ionization in the boundary layer are 
frequently neglected in signal attenuation calculations. 
 

 
Figure 4: Radial Electron Density And Collision Frequency Profiles At The Antenna Location On A 
Typical Blunt-Nosed MIRV At 27 Km. 3 



 

For the type of MIRV pictured in figures 2 and 3, the plasma sheath exists between altitudes of  
120 km down to 15 km with the peak electron density occurring at about 27 km. Sample contours 
showing the calculated radial distribution of electron density and collision frequency at the antenna 
location (near the rear of the vehicle) are shown in figure 4. The corresponding temperature profile is 
nonlinear and ranges from about 3,800 K at the vehicle surface to about 2,000 K at the shockwave. 
From figure 4 it can be clearly seen that the collision frequency in this region near the rear of the 
vehicle is fairly linear while the electron density is highly nonlinear. 

 
 

AERODYNAMIC SHAPING EFFECTS 
 
With a general description of the plasma physics and aerodynamics of hypersonic reentry vehicles 
complete, the benefits of aerodynamic shaping of the vehicle can be explored. As was shown in 
figures 1 and 2, there is considerable interest and research that pertains to sharp leading-edge 
hypersonic configurations. This is primarily due to the drag reduction and lift increase that can be 
achieved by having a sharper leading edge with an attached shockwave. Unfortunately, sharper 
leading-edge vehicles also have associated problems, such as a higher leading edge heat transfer rate. 
In addition, for a given length vehicle, increasing the sharpness of the leading edge will decrease 
both the vehicle volume and volumetric efficiency. 
 
As mentioned above, an air-breathing hypersonic cruise vehicle will only use a small range of angle 
of attack. Thus, the cruise vehicle flowfield will be different than was described for the reentry 
bodies, but by understanding the advantageous results from the reentry flowfield, the cruiser can be 
shaped to provide similar properties. The reentry bodies generally try to locate the telemetry antenna 
towards the back of the vehicle in the aftbody flow region. An air-breathing vehicle also requires 
placement of the antenna as far from the stagnation region as possible, but due to the small angles of 
attack in this case, the vehicle flowfield will be dominated by streamlines passing through the 
stagnation region. Therefore, the challenge of aerodynamic shaping is in designing the vehicle to 
minimize the flowfield temperature (and hence, lower the electron concentrations) while ensuring 
the structural viability of the leading edge.  
 
The flowfield generated at the leading-edge is extremely important for an air-breathing hypersonic 
vehicle since a streamline that originates at the leading edge will generally pass by the tail of the 
vehicle. By using a sharp leading edge on a hypersonic vehicle, not only will the temperatures be 
lower than if the leading edge was blunt, but the plasma sheath surrounding the vehicle will be 
thinner and contain fewer free electrons. The benefit of a thinner plasma sheath is that it will be 
easier to transmit through or easier to alter using an active method of plasma modification.7 By 
thinning the shock layer, however, the temperature and electron gradients will be more severe than 
shown for the blunt body in figure 4. 
 
The relative effects of reducing the leading-edge radius are understood, but what requires further 
investigation is to determine the optimum shape for the leading edge. Generally, simple circular 
cylinder shapes are used for leading edges, but research has shown that it is possible to generate 
noncircular, sharp leading edges that may provide a more advantageous telemetry environment.11,12 
There is a class of leading-edge shapes, generated by a two-dimensional power law function 
(y=Axn), which show a desirable combination of aerodynamic and geometric properties. Certain 



 

designs behave aerodynamically sharp (attached shock), while simultaneously behaving 
geometrically blunt (good heat transfer characteristics). These power law shaped leading edges show 
promise towards providing a more benign plasma environment. 
 
By shaping the vehicle geometry in the proper fashion, it may be possible to design the shock layer 
so it expands rapidly after the flow is past the leading edge. By rapidly expanding the flow, the 
temperature will be reduced, and along with it, possibly the electron concentration (through 
recombination with the ionized species). If expanded too rapidly, the temperature will drop too 
quickly and the flow will freeze (i.e., chemical reactions will cease and the ion and electron 
concentrations will be fixed). These recombination and freezing characteristics have been studied for 
reentry bodies,13,14 but further work is needed to generate methodologies for advantageous 
aerodynamic shaping of sharp leading-edge, air-breathing hypersonic vehicles. 
 
 

CONCLUSIONS 
 
From the time that man started venturing into the realms of space, the problems associated with 
communication blackout due to the plasma sheath have been studied analytically, experimentally, 
and with flight test vehicles. Unfortunately, little progress has been made in the last 40 years towards 
solving this problem in a robust and acceptable manner, although small strides have been made. Due 
to security concerns, much of the information on the progress that has been made in these areas 
remains classified. 
 
Through the result of many years of research, accomplishing the milestone of building and flying an 
air-breathing hypersonic cruise vehicle seems to be looming just over the horizon. Extending the yet 
unfinished work of achieving telemetry through plasma layers from the reentry environment to the 
sustained hypersonic cruising environment is now required more imminently then ever. The need to 
eliminate the communication blackout problem is critical for T&E of hypersonic cruise and access to 
space vehicles, which will spend a considerable amount of time in earth’s atmosphere, likely 
enveloped in a plasma sheath. Since the plasma environment is highly dependent on the vehicle 
configuration, flightpath angle, and flight velocity, the proper design of an air-breathing hypersonic 
vehicle will need to incorporate the T&E telemetry concerns into the base-level design requirements. 
Including T&E concerns after the fact for air-breathing hypersonic vehicles would most likely make 
testing impossible or require substantial redesign of the vehicle. Any postproduction vehicle 
enhancements made to satisfy T&E telemetry requirements would likely be very costly, time 
consuming, and most importantly, disrupt the small vehicle performance margins.  
 
The most promising techniques for eliminating the reentry communications blackout phenomena 
will likely be a combination of techniques. Aerodynamic shaping of the vehicle, especially the 
leading edge, will play a major role in tailoring the flowfield properties to make telemetry through 
the plasma sheath possible. Although not detailed in this paper,7 methods of active flowfield 
modification using electrophilic injection, or imposing a magnetic field, will benefit from the 
reduced electron concentrations achievable through aerodynamic shaping. 
 
 
 



 

ACKNOWLEDGMENTS 
 
This research was supported by the Center for Hypersonic Education and Research at the University 
of Maryland under technical monitor Dr. Charles Jones of the Air Force Flight Test Center at 
Edwards Air Force Base, California, the support of whom is greatly appreciated. 
 
 

REFERENCES 
 
1. Rawhouser, R., “Overview of the AF Avionics Laboratory Reentry Electromagnetics Program,” 

The Entry Plasma Sheath and its Effects on Space Vehicle Electromagnetic Systems, Volume I, 
NASA SP-252, National Aeronautics and Space Administration, Washington, D.C., 1971, 
Pages 3-17. 

2. Dirsa, E., “The Telemetry and Communication Problem of Re-Entrant Space Vehicles,” 
Proceedings of the Institute for Radio Engineers, Volume 48, April 1960, Pages 703-713. 

3. Rybak, J., and Churchill, R., “Progress in Reentry Communications,” IEEE Transactions on 
Aerospace and Electronic Systems, Volume 7, September 1971, Pages 879-894. 

4. O’Hare, L., “Maneuvering a Reentry Body via Magneto-Gasdynamic Forces,” Ph.D. 
Dissertation, University of Maryland, College Park, Maryland, 1992. 

5. Nusca, M., “Numerical Simulation of Electromagnetic Wave Attenuation in a Nonequilibrium 
Chemically Reacting Hypervelocity Flow,” Ph.D. Dissertation, University of Maryland, 
College Park, Maryland, 1997. 

6. Steinkopf, M., “Mission Accomplished – Final Report on the Atmospheric Reentry 
Demonstrator,” http://esapub.esrin.esa.it/onstation/onstation5/ard5.pdf, March 2001. 

7. Starkey, R., Lewis, M., and Jones, C., “Active Flowfield Modification for Plasma Telemetry,” 
Proceedings of the 6th International Test and Evaluation Association Instrumentation 
Conference, Lancaster, California, April 2002. 

8. Starkey, R., “Hypersonic Air-Breathing Missile Designs Within External Box Constraints,” 
Ph.D. Dissertation, University of Maryland, College Park, Maryland, 2000. 

9. Brown, A., “Hypersonic Designs With a SHARP Edge,” Aerospace America, Volume 35, 
Number 9, September 1997, Pages 20-21. 

10. Kolodziej, P., Bowles, J., Brown, J., Cornelison, C., Lawrence, S., Loomis, M., Merriam, M., 
Rasky, D., Tam, T., Wercinski, P., Hodapp, A., Deese, D., Pilcher, M., Tucker, R., Bogdanoff, 
D., Chapman, G., Gage, P., Palmer, G., Venkatapathy, E., Bowling, D., Holt, D., and Yates, L., 
“SHARP-L1 Technology Demonstrator Development: An Aerothermodynamic Perspective,” 
AIAA Paper 2000-2688, Proceedings of 34th American Institute of Aeronautics and 
Astronautics Thermophysics Conference, Denver, Colorado, June 2000. 

11. Mason, W., and Lee, J., “Aerodynamically Blunt and Sharp Bodies,” AIAA Journal of 
Spacecraft and Rockets, Volume 31, Number 3, May-June 1994, Pages 378-382. 

12. O’Brien, T., and Lewis, M., “Two-Dimensional Power Law Shapes for Leading Edge Blunting 
with Minimal Standoff,” AIAA Journal of Spacecraft and Rockets, Volume 36, Number 5, 
September-October 1999, Pages 653-658. 

13. Glick, H., “Interaction of Electromagnetic Waves with Plasmas of Hypersonic Flows,” 
American Rocket Society Journal, Volume 32, September 1962, Pages 1359-1364. 

14. Evans, J., Schexnader, C., and Huber, P., “Computation of Ionization in Re-Entry Flowfields,” 
AIAA Journal, Volume 8, Number 6, June 1970, Pages 1082-1089. 

 



Abstract

End-to-End testing is a tool for verifying that Range Telemetry (TM) System 
Equipment will deliver satisfactory performance throughout a planned flight  
test.  A thorough test verifies system thresholds while gauging projected 
mission loading all in the presence of expected interference.

At the White Sands Missile Range (WSMR) in New Mexico, system tests are 
routinely conducted by Range telemetry Engineers and technicians in the 
interest of ensuring highly reliable telemetry acquisition.  Even so, flight or 
integration tests are occasionally halted, unable to complete these telemetry 
checks.  The Navy Standard Missile Program Office and the White Sands 
Missile Range, have proactively conducted investigations to identify and 
eliminate problems.  A background discussion is provided on the serious 
problems with the launcher acquisition, which were resolved along the way 
laying the ground work for effective system testing.  Since there were no 
provisions to test with the decryption equipment an assumption must be made.   
Encryption is operationally transparent and  reliable.  

Encryption has wide application, and for that reason the above assumption 
must be made with confidence.  A  comprehensive mission day encrypted 
systems test  is proposed.  Those involved with encrypted telemetry systems, 
and those experiencing seemingly unexplainable data degradations and other 
problems with or without encryption should review this information.  
 
Keywords:   Encryption, Bit Error Rate Test and Systems Test. 

Background 

Navy Flight Tests face severe telemetry acquisition challenges in the launcher.  
The tactical MK-41 Vertical Launching System(VLS) shown following page is 
used at WSMR to launch several types of missiles.  The launch canister serves 
as a magazine as well as the launcher.  The canister is designed to serve as the 
entire interface to the missile, shielding it from the electro-magnetic 
environment.  This feature also significantly complicates access to missile 
transmissions. 
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Canister multipath, at times, is so severe that missions may be aborted despite 
the high cost.  Programs utilizing high bit rate telemeters are essentially 
deadlocked by these multipath conditions.  The multipath spectra shown 
(above), clearly shows two nulls, each on either side of the transmitter center 
frequency, hence the receiver is unable to provide any usable data.  Resolving 
this problem required the development of a close coupled probe, and in another 
case, the redesign of the canister and missile hardware to obtain telemetry data 
via hardlink.  Next is the task of getting these signals to Range Control. 

 Launch Complex - 35  (LC-35) is a concentration of structures (below) with 
MK-41 VLS shown lower center. Because of building and structure 
obstructions, acquisition of the missile signals is difficult.  A fairly complex re-
radiation system has evolved which assists the acquisition of the radar beacon, 
telemetry data and the flight termination system.  A joint Navy-WSMR effort 
resulted in a telemetry system for direct acquisition of the signals right at the 
launcher.  This system is connected directly to the missile canister probes, and 
is designed to facilitate positive, reliable acquisition.   Receivers acquire the 
missile telemetry  directly and the bit decision is made right on the spot, with a 
high quality bit synchronizer. This system, called the Special Purpose 
Equipment (SPE), locally records the missile telemetry and relays  the signals 
to the Range via digital fiber optics.
                                                                                                                                



Launcher Telemetry Acquisition at LC-35 

Bit Error Rate (BER) Testing -

Prelaunch acquisition has been the Achilles’ heel of Navy testing at White 
Sands.  Only in the past few years was the magnitude of this problem realized.  
A considerable investment was made by the Range and the Navy to field the 
telemetry acquisition system  shown below.  During BER testing the test 
signals are injected via patch panel, which is not desirable, because the system 
must be reconfigured to return to the flight test set up.  The configuration 
shown below will be in place for future flight tests.  BER testing will be 
conducted in the actual flight mission configuration.  

Operationally, it’s best for the system to always remain in the mission 
configuration.  At this time, BER checks with the remaining field sites are 
conducted from this site through an additional steerable antenna.   This check 
will be migrated to Range Control, to enhance configuration control of the 
entire system.
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Bit Error Rate Test Design -

White Sands Missile Range is approximately 100 miles long (north to 
south)and 40 miles wide and is depicted in the graphic shown on this page.  
Several telemetry stations actually operate off of the Range.  The field sites, as 
shown, span large distances and are a challenge to test. 

 
Classically system testing consists of   end-to-end BER threshold 
measurements.  A GDP 615 BER Test Set generates the standard 2047 code 
which is transmitted to each site.  The transmitter output is attenuated until the 
link BER is about 1 X 10-6.  This is the link threshold, which at WSMR 
typically 1 to 2 dB better than the IRIG Standard.  Measurements taken were 
consistent whether tests were conducted at the Telemetry Data Center (TDC) 
or the test signal was transmitted from LC-35 acquired 50 mi. away at J-67 and 
relayed to the TDC.  This demonstrates the entire system infrastructure is 
transparent, with no observable degradations.

FT. Wingate
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Even so, prelaunch acquisition of the 
live missile remained unreliable, unlike 
the systems tests, these acquisition 
problems could not be explained.  Since 
the missile telemetry was encrypted the 
decryption process became suspect, as 
the decrypters ,must be bypassed during 
BER testing.

Testing with actual  missile telemeters, 
less missile, canister and launcher was 
disappointing. Virtually all of the 
telemeter words were zero or static, 
since there was no live or dynamic 
stimuli.  Using the actual telemeter 
introduced more problems than were 
solved.  The conclusion was that the 
best test would be the same end-to-end 
BER threshold test, but with the 
decrypter operating in circuit.

These findings were briefed to the 
Standard Missile Program Office and 
resulted in the development of the MK-
111 Tester that incorporated encryption.  
The MK-111 Tester  was developed at 
the Naval Surface Warfare Center, 
Dahlgren Division, VA.



Requirements for the MK-111 tester were set out and an encrypted BER test 
capability became a reality.  The MK-111 tester could generate the standard 
2047  code (or simulate a PCM telemeter), encrypt the signal then modulate a 
transmitter.  The BER threshold test could now be measured with decrypters 
in circuit.

The ESSM Program first to attempt encrypted testing, has adopted the method 
for all flight tests.

A  few months after the tester arrived at White Sands, the Evolved Sea 
Sparrow Missile (ESSM) program  was to conduct integration tests at WSMR.  
Testing was unable to commence because the telemetry acquisition was so 
severely  degraded that in most cases frame synchronization was not achieved. 
The following day of trouble-shooting was fruitless.  The Range system end-
to-end tests were repeated with a Navy witness.  The tests were normal, with 
threshold scores roughly 1 to 2 dB better than the IRIG Standards, consistent 
with past testing.  

The ESSM Program, authorized encrypted BER testing and the MK-111 was 
stationed at the TDC to test the decrypters directly.  A simple screen was 
devised, with the MK-111  feeding a standard receiver  approximately 3 dB 
above threshold.  A bit synchronizer followed as usual, with  data and clock 
signals applied to the decrypter under test.   A  GDP 615 BER Test Set was 
used to measure the BER after the decrypter.  One decrypter failed completely 
and a second degraded the threshold by 10 dB, both were  replaced.  A bit 
synchronizer failed to operate properly and was replaced.  The remainder of 
the equipment at the TDC ( the terminal end) was processing properly.  The 
MK-111 was then moved to the relay point (J-56).  A video distribution 
amplifier was found not to function satisfactorily and was replaced.  Finally 
the MK-111 was moved to the prelaunch acquisition system.  Another bit 
synchronizer was replaced and finally, the first satisfactory end-to-end 
encrypted BER threshold test was complete.  Afterwards a missile telemetry 
check was attempted, the resulting telemetry acquisition was successful and 
normal testing resumed.  At the mission debrief the  Data Analyst remarked 
about the lack of noise on the displays.  

 The encrypted BER test was better than anticipated.  Exposing bad decrypters 
was expected, but to also expose bit synchronizers and drive amplifiers that 
were suitable was not.  Our resulting supposition was that the jitter associated 
with a signal near threshold, stresses the bit synchronizer normally.  The 
additional stress caused by encryption might be due to lengthy strings of 
consecutive ones or zeros, causing poor bit synchronizers to lose lock.  The 
drive amplifier in question likely had poor DC response.  This equipment 
previously passed the unencrypted BER threshold test and factory  acceptance 
tests as well.

The Encrypted system tests exposed weaknesses in the link equipment not 
found with traditional BER testing, as well poorly performing decrypters.



BER analyzers generate test signals and measure  BERs.  BER testing is 
designed into the White Sands architecture and BER equipment is deployed 
at each node of every path. Despite its limitations, the BER allows rapid fault 
isolation.  Once encryption is in place, BER analyses may be performed at 
the decrypters only.  In time inferior equipment will be screened out by the 
encrypted testing.  Shown is a TDC TM processor equipped with six 
decrypters and related equipment.  Five decrypters are equipped with 
decommutators for the purpose of performing best source selection.  
Decommutators 1 thru 5 are evaluated by the Autoselector.  When a  frame 
synchronization drop occurs, the source with the longest continuous frame 
synchronization history is selected. 

TDC Telemetry Processor

The sixth decrypter processes the selected best source and drives the data 
processing equipment and all system displays (tape recordings, stripcharts, 
CRT displays etc).  The Autoselector, implemented in analog, may be used to 
select any Time Domain Multiplex (TDM) including Pulse Amplitude 
Modulated (PAM) multiplexes or any TDM also frequency multiplexed.  This 
elegant implementation handles most typical telemetry multiplexes.   The best 
source selector switches encrypted data and sources the decrypters, so there 
are no correlation issues.  This process does not deskew the time differences 
inherent with dissimilar path delays.  As a note, up to 13 msec time differences 
between sources have been observed at WSMR. 
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There is a weakness in the Autoselecter design which mars its performance.  
Problems in the best source path will show up unmitigated in all displays.  
During recent flight tests, intermittent degradations appeared in the best source 
data.  A review of the field site tape recordings showed the noise was indeed 
artificial.  Every source recorded clean data for most of the flight. Actual data 
is shown, the best source composite is clean prior to launch and prior to the end 
of the flight test.  During the middle portion of the flight, the three sources 
exhibit no noise at all, yet the best source is heavily corrupted.  In this case,  
the offending device was an intermittent decrypter, which was isolated on the 
next mission during encrypted BER checks.  Any device in this path could 
cause similar effects or indications.

Comparative Flight Test Data

Better Systems Test Design-

Encrypted systems testing conducted at the Pacific Missile Range Facility 
(PMRF) Kauai, HI also encompassed system loading and interference tests.  
Planned  (future mission) telemetry emissions were simulated  to realistically 
load the system and to observe any interference.  PCM telemeters were 
simulated by BER transmission at the appropriate bit rate, analog telemeters 
were statically generated, specifically in band target telemeters.  Levels were 
varied to simulate typical variances.    One of the signals  is held at (or just 
above) threshold while the remaining

Site Jig 67

Site Jig 56

Site Jig 100

Best Source Composite



signal power levels are raised until interference is noted.  The margins 
measured to be 20 dB or more on most PMRF systems.  Systems with lesser 
margins were found to have less than optimally aligned 2nd IF Filters.  These 
systems deliver satisfactory BER threshold performance, but may be marginal 
during actual mission conditions.  The BER Test alone cannot evaluate 
interference margin nor gauge system loading. Interference margin and system 
loading can be measured at the same time. During flight tests, interfering 
sources  lie in the same antenna beam at intercept, the most critical test event.  
Space losses are the same, so variances then are mostly a function of missile 
and target attitude.  

Closed Loop Testing

In the case of the Lance target all receiving stations are subjected to repeating 
antenna nulls due to its roll stabilization. Interference margin should be 
healthy to insure clean intercept data during the nulls.  Missiles with multiple 
telemeters require similar consideration.  The interference test, despite the 
complexity, makes sense as the foundation of a system readiness test.  The 
BER threshold test alone might not expose intermodulation or poorly aligned 
receiving equipment.  The diagram shown before depicts one possible 
configuration which would allow multiple transmissions, hence efficient, 
concerted testing of BER threshold, system interference and system loading.

MK-111 Remote
Control

 MK-111
 Encrypted  
 BER Tester

J-67

J-56

J-100

Primary Channel

Secondary Channel

Processors
Bit Synchronizers
decrypters
Decommutators
Auto Selector

Range Control Center

TDC

 MK-111
 Encrypted BER
 Tester



Conclusion - 

Confidence in the original assumption that decrypters are reliable and 
transparent can be achieved with adequate encrypted testing.  One 
characteristic does blemish the otherwise transparent operation of a properly 
operating decrypter.  The data and clock signals are not aligned, probably  
due to the units communications heritage.  This was originally observed at 
bit rates well above the decrypters specifications. Aligning data & clock 
signals, adding line drivers and an IRIG randomizer would enhance any 
future implementation.   NAWC PM  demonstrated a simple logic circuit 
that realigns the data signal adequately.  Refining its design and adding the 
features mentioned above would make it an essential add-on.  Most bit 
synchronizers could be immediately reallocated.

Conducting a systems test a few days prior to a mission is fine, but the 
morning of the mission is better.   It needs to be done in the hour or two the 
mission may allow.  TDC personnel have recently programmed their 
decommutators to synchronize on the 2047 sequence. Each decommutator 
may now be used to perform BER measurements.  By transmitting to all 
acquisition sites simultaneously from TDC,  the tests are closed loop, highly 
parallel which simplifies communication and  coordination dramatically.   
With all sites under test, the system is realistically loaded and interference 
margins  can be measured in concert with the BER measurement.  The MK-
111 can be remotely controlled and since the TDC  decommutators are 
computer controlled as well, the entire test may be easily automated.  
Interestingly, the entire test can be performed by one person in considerably 
less time than a BER check.  The right system test design offers  potential 
benefits that a system manager cannot afford to ignore. 

Normally, after a system test the TDC would have to be reconfigured for 
magnetic tape playback checks.   One hour prior to launch, the TDC would 
configure for a missile TM check.  If any checks remained to be completed 
the TDC would have to reconfigure to perform those checks. Finally the 
TDC would be placed in the flight test configuration for the launch.  This 
method is  cumbersome, error prone and limits any flexibility the TDC  may 
leverage in supporting a mission.  If the checks were to use the MK-111’s 
simulation capability instead of tape recorders, the desired flight test 
configuration would be actively maintained and tested throughout pre-
mission checks.  The tape recorder, in particular, is key equipment to be 
tested.  There are yet further benefits that can be derived from this approach.  

There is real potential for reducing workload, cost, operational errors and 
providing an improved performance in unencrypted  applications as well . 



Related Material - 

System testing was recently completed at the Makaha Ridge Telemetry 
Station, Pacific Missile Range Facility by Ken Meeker NWAS,  Gene Law 
NAWC, Rick Shrewsbury NSWC, Tam Tran  PMRF and the Makaha Ridge 
Telemetry Team.  The complete documentation is an excellent reference for 
any system tester.  MK-111 info may be obtained from Rick Shrewsbury.  
Gene Law also mentors the White Sands team, and has authored many related 
technical papers.  Tam Tran is the senior engineer at Makaha Ridge.  They can 
be reached at:  MeekerKC@corona.navy.mil, ShrewsburyRG@nswc.navy.mil,  
LawEL@navair.navy.mil and TranT@pmrf.navy.mil., respectively.
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ABSTRACT 

 
The Advanced Subminiature Telemetry System (ASMT) contract was awarded several years ago 
and the basic framework for the overall system has been described in earlier papers.  This paper 
discusses an overview of the design of the hardware pieces to create the ASMT system. 

 
ASMT CONCEPT REVIEW 

 
The Air Force SEEK EAGLE Office (AFSEO) identified the need for a highly compact, low 
cost, sensor, data acquisition, and radio telemetry system that could be easily used on inventory 
aircraft.  It was envisioned to use a “Peel and Stick” method of hardware mounting that allowed 
easy removal for use on other aircraft or store, and provide quick return of inventory aircraft to 
standard duties.  An “electro-cleavable” adhesive has been successfully developed by EIC 
Laboratories for this function.  Hardware cost was desired to be sufficiently low as to allow 
sacrifice in destructive testing when necessary.  This methodology avoids the need to always use 
expensive, low availability, pre-configured test aircraft for all testing.  Not only could this 
concept lower test expenses, it could also result in better test programs by eliminating aircraft 
availability delays and allowing more testing per mission.   In this same period of time, 
Cleveland Medical Devices has been pursuing dual use of the Air Force technology with the 
development of wireless patient monitoring systems based on shrinking cellular methods in 
physical size and power consumption down to the point that they become “wearable”.  We refer 
to these highly compact but still intelligent radio systems as “MicroSynth”.  The size, 
performance, physical character, complete software control via generic PC platforms, and 
commercial electronics base of this technology provided and ideal “tool kit” from which to begin 
development of the desired Air Force system. 
 
The operational concept for the ASMT system is shown in Figure 1.  The operator(s) may 
monitor and control the test, including reprogramming data acquisition parameters, from the 
keyboard.  The system consists of the major components:  Wireless Sensor, ITU, and Base 
Station.  The ground station utilizes PC controlled Based Stations that communicate with the 
airborne station in upper S band, 2310 to 2390 MHz and in the 2400 to 2483.5 MHz Industrial, 
Scientific, and Medical (ISM) band.  The airborne station consists of an Integrated Telemetry 
Unit (ITU) with an intelligent 2300 to 2500 MHz transceiver, data processing board for 
encryption and storage, and one or two 18 channel data acquisition boards.  There are built in 
generic sensors for acceleration, air pressure, and temperature, and the data acquisition boards 
interface over cables to off board sensors mounted where needed by a particular test.   There are 
also optional highly compact Wireless Sensors that may be mounted up to 100 to 200 feet from 
the ITU in order to eliminate the need to run long wires, or that can be used on released stores for 



separation studies.  The Wireless Sensors consist of a size reduced 902 to 928 MHz ISM band 
transceiver and up to a six channel data acquisition board.  An ITU with a wireless sensor trades 
off one of its two data acquisition boards for a 900 MHz transceiver to serve the wireless sensor 
to ITU link.  By using 900 MHz for the wireless sensor to ITU link and  2300 to 2500 MHz for 
the air to ground link, both links may be simultaneously operated and throughput is maximized. 

 
  Figure 1:  ASMT Wireless Data System 

 
The air interface chosen is one based on Time Division Multiple Access (TDMA) using a 
technique similar to Gausssian Minimum Shift Keyed (GMSK) binary frequency modulation.  
The system covers the full upper S band from 2310 to 2390 MHz and the 2400 to 2483.5 MHz 
ISM band in dedicated 300 kHz channels or using frequency hopping spread spectrum mode.  
The maximum airborne transmit power is + 30 dBm, and the maximum planned ground (Base 
Station) power is also + 34.8 dBm.  The relatively low transmit powers used in combination with 
continuous transmit power level control will minimized interference to the users.  The modest 
data rate per ITU of 230 kBPS, narrow receive bandwidth of approximately 230 kHz and high 
gain ground antennas allow ranges up to 50 miles at these power levels.  Automatic 
retransmission of any data packet errors ensures high data integrity without having to go to 
excess in transmit power, antenna gain, Forward Error Correction (FEC), or other link 
parameters. 
 
Typical measurement requirements include acceleration, strain, air pressure, and temperature.  
Because established sensors are expensive within the context of this program, and important 
element of the program is exploring the use of low cost commercial sensors.  The program 
studies have discovered new generation Micro Electromechanical Systems (MEMS) and 



integrated sensors are available for prices that are much less than established mil-spec 
components.  Data acquisition bandwidths that read the sensors are typically from tens of Hz to a 
few kHz.  Since any telemetry system is a data pipe with a fixed upper limit on the throughput, a 
data acquisition system that allows flexible trading of the number of data channels, sample rate, 
and resolution is the ideal solution to getting the most operational use out of the link. 
 
The protocol for data transmission will be TDMA with an “ack/nak” handshake.  The planned 
frame structure is shown in Figure 2 with the data packets as they would be spaced in time, with 
simultaneous packets aligned vertically.  After each packet of any kind, the receiving end 
acknowledges correct receipt, or not, with the ack/nak/command.  Incorrectly received packets 
are stored for retransmit during the assigned retransmit interval.  Each ITU has 276 wireless 
sensor channels, or 18 wired sensors in the case of a Wireless Sensor capable ITU that can also 
access multiple Wireless Sensors. 

 
  Figure 2:  ASMT TDMA Packet Timing Example 
 
Each packet is approximately 11.6 msec long and each 3 packet  “sub frame” with overhead is 
approximately 44 msec long (including turnaround time between packets).  The sub frame is 
adopted because a mobile (Wireless Sensor or ITU) does not have to use a slot on each sub 
frame, and thus larger numbers of mobile can be multiplexed in if their data rates allow. 

 
SYSTEM HARDWARE CONFIGURATION 

 
As stated earlier, the system is designed for maximum flexibility to allow for many different 
configurations.  The most probable system configuration consists of three separate sections, a 
Wireless Sensor, an ITU, and a base station.  The wireless sensor has been described earlier and 
the base station is a bank of up to 4, 2.4 GHz transceivers.  The configuration of the ITU station 
has a 6 connector Inter Board (IB) bus that can accept any combination of transceivers (900 MHz 
or 2.4 GHz) or data acquisition cards. 
 
The system control of the data flow is performed by the ground station for the ground to ITU link 
and by a 2.4 GHz transceiver in the ITU aircraft for the ITU to Wireless Sensor link.  Both 
structures are the same and the basis for data flow is as follows.  The master on the link controls 



the data collection order, the overall system timing, and the frequency allocation.  Once the 
system has been configured, all users identified, and basic control established, the flow of data 
from sensors to the end users is as follows.  Wireless Sensor sensors gather and buffer data and 
wait for their turn to send.  They will receive that order from a 900 MHz transceiver in the ITU 
aircraft.  The data is then sent to the ITU aircraft where it is decoded by the 900 MHz transceiver 
and if the packet is found to have no errors, an acknowledge is sent back to the wireless sensor.  
The entire packet is then made available to the IB bus for collection by the master.  The data is 
then passed on from the master to the ground station over a 2.4 GHz radio link when the ground 
station requests it.  The master in the ITU aircraft can also collect data from a DAQ card on the 
ITU aircraft IB bus. 
 
The Wireless Sensor and ITU units are attached with electro-cleavable adhesive, are battery 
powered, and are good for one 4 hour test mission.  More detail about overall system capability 
is available from the Seek Eagle office or Cleveland Medical Devices. 

 
HARDWARE DESCRIPTIONS 

 
The following discussion details the components available in the ITU section of the ASMT 
system.  The Wireless Sensor transceiver and the Base Station hardware implementations are 
similar to the design of the ITU components. 
 

Data Acquisition Board (DAQ) 
 
The DAQ board consists of eighteen independent analog channels that accept signals ranging 
from 1 uV to 1.25 V covering the frequency range of DC to 5kHz.  There is also one channel that 
will collect already digitized data and form it into a system data packet.  A “part” of the DAQ 
board is a separate connector board that supplies power to, and gathers analog input from, the 
external sensors.  The output from the DAQ board is a multi-plexed encoded data stream that is 
passed onto either the 900 MHz or 2.4 GHz transceivers over the IB bus.  The block diagram for 
the board is below: 

    DAQ Board Channel Block Diagram 
 
The variable gain amplifiers have a gain that is selectable from 1, 9, 16, and 144.  The gain is 
selectable independently for each channel and is controlled by the microcontroller.  The 
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amplifiers can either be AC coupled or DC, and single ended or differential input and that is also 
microcontroller controlled.  Following the amplifier is a filter to prevent aliasing in the Analog to 
Digital conversion process (A/D).  The A/D has selectable gains that are powers of two up to a 
maximum of 256.  The A/D output is selectable from 8, 12, or 16 bits depending upon the signal 
resolution desired.  The A/D is clocked at a frequency determined by the microcontroller and all 
channels are clocked at the fastest channel rate.  The highest clock rate for one channel is 10,000 
samples per second and low pass filtering of the data is performed by decimation in the 
microcontroller.  This makes the maximum bandwidth achievable for one channel of 5000 Hz.  
After conversion, the data is formed into packets with minimal overhead and made available to 
the IB or placed in memory.  The packet can contain data from 1 channel or all 18 channels to 
reach the data structure defined earlier. 
 
The DAQ card is capable of running by itself from a single battery source.  On board circuits 
generate all the required voltages to operate the card from a single battery source. 
 
The DAQ board’s physical size is approximately 3.25 inches by 2.5 inches, is a 6 layer PCB and 
uses all commercially available components.  The connector board is 3.25 inches by 1.25 inches, 
is a 4 layer PCB and uses all commercially available parts.  The distribution of each section is 
shown below: 

   DAQ Board Physical Layout 

 
 

2.4 GHz Transceiver 
 

The 2.4 GHz board consists of a 2.3-2.5 GHz radio receiver and transmitter, a microcontroller 
for unit control and signal processing, and an interface for passing data to end user terminals (the 
same board that is in the ITU aircraft is in the ground station). 
 
The input to the receiver is one of 2 antennas, the antenna selection is made for maximum input 
level and can be switched in the event of signal fade.  The receiver is capable of demodulating 
signals in the 2.3 to 2.5 GHz frequency range with BER capability, without correction, of 10E-5 
for signals as low as -96 dBm and as high as -20 dBm.  .  The error rates improve between these 
limits with the –96 dBm as a result of the thermal noise floor and the –20 dBm as a result of 
hardware non-linearities.  A block diagram of the receiver is below: 
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  2.4 GHz Transceiver Receiver Block Diagram 
 
The receiver is a dual conversion superhetrodyne configuration with a Noise Figure (NF) no 
higher than 10 dB, and a Resolution Bandwidth (RBW) of 230 kHz.  Dual frequency conversion 
is required to ensure proper performance over the 200 MHz frequency range of operation.  The 
tuning of the receiver is accomplished by changing the frequency of the higher frequency Local 
Oscillator LO1.  LO1 covers the range of 1.9 GHz to 2.1 GHz to produce a fixed Intermediate 
Frequency (IF) of 380 MHz.  LO2 then converts the signal down to 10.7 MHz where the 
resolution bandwidth is set, and the signal is detected.  The demodulation circuitry is a non-
coherent, quadrature detector, whose voltage output is proportional to the frequency input.  The 
quadrature detector output is followed by a Low Pass Filter (LPF) and a data slicer that prepares 
the demodulated data for decoding.  There is also a Receive Signal Strength Indicator (RSSI) 
whose output is proportional to the signal level at the antenna and is used to adjust the radio link 
to the minimum power levels required to maintain error free communications (error free includes 
FEC). 
 
The transmitter takes advantage of the circuits designed for the receiver section to create the 
desired signal at the proper frequency required during the transmit operation.  Below is the block 
diagram of the transmitter: 

  2.4 GHz Transceiver Transmitter Block Diagram 
 
The transmitter output signal is created by upconverting (mixing) the two LO’s used in the 
receiver down conversion process and adding modulation to the low frequency oscillator 
circuitry.  This approach also has the advantage that by adding modulation to the fixed, lower 
frequency oscillator, the transmitted signal will have the exact same modulation characteristics 
regardless of the output frequency.  The data is added via FM, in a manner similar to GMSK, by 
a 2 point system where the data modulates the Voltage Controlled Oscillator (VCO) in LO1 and 
the Direct Digital Synthesizer (DDS) reference for the Phase Locked Loop (PLL).  The VCO 
input controls the maximum deviation, as well as maximum modulation frequency component of 
the data, while the DDS input allows for low frequency content of the data to modulate the 
carrier.  The output power of the transceiver will cover the range of -30 dBm to + 30 dBm in 3 
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dB steps.  The control of the output power will be performed by a factory calibration to ensure 
accurate output level control. 
 
The microcontroller section, in addition to controlling the unit, also performs the data encoding 
and decoding, places the data in memory, and interfaces to several end user interfaces.  The 
encoding and decoding capability is a significant benefit because it eliminates the need for a 
stand-alone modem.  Circuits typically used for this purpose takes a lot of space and a lot of 
power.  The interface to the FIFO memory is to ensure that no data is lost and it is available for 
transmit to the ground station when requested.  The microcontroller is also capable of controlling 
where the data output of the 2.4 GHz transceiver will be routed.  The port controller circuits are 
capable of routing the data to the IB bus, a serial port, or a USB port. 
 
The 2.4 GHz transceiver is capable of running by itself from a single battery source.  On board 
circuits generate all the required voltages to operate the card from a single battery source. 

 
900 MHz Transceiver 

 
The 900 MHz board consists of a 900-928 MHz radio receiver and transmitter, microcontroller 
for unit control and signal processing. 
 
The input to the receiver is one of 2 antennas, the antenna selection is made for maximum input 
level and can be switched in the event of signal fade.  The receiver is capable of Bit Error Rates 
(BER), without correction, of 10E-5 for signals as low as -96 dBm and as high as -20 dBm.  The 
error rates improve between these limits with the –96 dBm as a result of the thermal noise floor 
and the –20 dBm as a result of hardware non-linearities.  A block diagram of the receiver is 
shown below: 

   900 MHz Transceiver Receiver Block Diagram 
 
The receiver is a single conversion superhetrodyne configuration with a Noise Figure (NF) no 
higher than 10 dB, and a Resolution Bandwidth (RBW) of 230 kHz.  Single conversion is 
possible because of the more narrow bandwidth of the 900 MHz receiver (26 MHz for the 900 
MHz receiver and 200 MHz for the 2.4 GHz receiver).  The demodulation circuitry is a non-
coherent, quadrature detector whose voltage output is proportional to the frequency input.  The 
quadrature detector output is followed by a Low Pass Filter (LPF) and a data slicer that prepares 
the demodulated data for the decoding.  There is also a Receive Signal Strength Indicator (RSSI) 
whose output is proportional to the signal level at the antenna and is used to adjust the radio link 
to the minimum power levels required to maintain error free communications (error free includes 
FEC). 
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The block diagram of the transmitter is shown below: 

 900 MHz Transceiver Transmitter Block Diagram 
 
The transmitter is capable of producing any output level in the range of -30 to 0 dBm, in 3 dB 
increments, over the entire 902 to 928 MHz range.  Power control is maintained by sampling the 
output power of the transmitter and adjusting the amplifier gain accordingly.  The final amplifier 
is capable of 55% efficiency to minimize the drain on the battery under maximum output 
conditions.  The data is added to the carrier via FM, in a manner similar to GMSK, by a 2 point 
system where the data modulates the VCO and the DDS reference for the Phase Locked Loop.  
The VCO input controls the maximum deviation, as well as maximum modulation frequency 
component of the data, while the DDS input allows for low frequency content of the data to 
modulate the carrier. 
 
The microcontroller section, in addition to controlling the unit, also performs the data encoding 
and decoding, places the data in memory, and interfaces to the IB bus.  The encoding and 
decoding capability is a significant benefit as described above.  The interface to the FIFO is to 
ensure that no data from a Wireless Sensor is lost, and is available to the IB bus when requested.  
The FIFO can also be used to store data that will be passed on from an ITU to a Wireless Sensor. 
 
The 900 MHz transceiver is capable of running by itself from a single battery source.  On board 
circuits generate all the required voltages to operate the card from a single battery source. 
 
The 900 MHz transceiver physical size is approximately 3.25 inches by 2.5 inches (the same size 
as the DAQ board) is a 6 layer PCB, and uses all commercially available components.  The 
distribution of each section is shown below: 
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 900 MHz Transceiver Physical Layout 
 

CONCLUSION 
 

This paper has delved into the more specific implementation of the ASMT system being 
developed by CMDI for the Air Force.  The overall system design has been reviewed, as well as 
a general description of the individual boards that comprise the system.  At the time of this 
writing, the individual boards have been 80% tested, but the complete system integration still has 
to be performed.  CMDI has developed a specific and comprehensive test plan, which has been 
approved by the Air Force to have a system with basic operational capabilities in October 2002. 

Microcontroller
Section

FIFO Section

Receiver
Transmitter

Section

Power Supply
Section

IB

B
U
S

3.25"

2.5"

A
nt

en
na

 a
nd

  S
w

itc
hi

ng



LOW-COST TELEMETRY USING FREQUENCY HOPPING AND 
THE TRF6900™ TRANSCEIVER1 

 
 

Carl-Einar I. Thornér and Ronald A. Iltis 
Department of Electrical and Computer Engineering 

University of California, 
Santa Barbara, CA 93106 

Contact e-mail: thorner@engineering.ucsb.edu 
 
  
 

 
ABSTRACT 

 
The ISM bands have opened up new opportunities for telemetry using spread-spectrum 
communications.  A low-cost frequency-hopping radio is described here for the 900 MHz ISM band 
that can be programmed with a wide range of hop and data rates.  The ‘C6201 DSP from TI is used 
to control the frequency and data rate of the TI TRF6900 transceiver chip using a custom interface of 
the 6201 EVM board to the serial I/O on the 6900 evaluation board.   
 
 

KEY WORDS 
 
Frequency Hopping (FH) Telemetry, Mixed-Signal RF, Programmable DSP, and Software Defined 
Radio. 
 
 

INTRODUCTION 
 
The ISM bands (at 900 MHz, 2.4 GHz, and 5.7 GHz) have opened up new possibilities for 
unlicensed wireless communication, and specifically low-cost telemetry. However, existing ISM 
band protocols (e.g. 802.11x) are optimized for wireless LANs, and not necessarily telemetry. Here, 
a fully programmable frequency-hopping telemetry transceiver is proposed, that allows 
implementation of non-IP based protocols, such as ATM, as well as application-specific hopping and 
data rates.  Unlike existing 802.11a/b networks, the programmable FH radio described here is not 
tied to any specific medium access controller (MAC).  A user-defined MAC can be programmed in 
the ‘C6201 EVM board. 
 
In order to develop new protocols we are constructing a test-bed using TI’s ‘C6201™ fixed-point 
DSP controlling the TRF6900 900 MHz FSK transceiver chip. The chips are interfaced with the 
DMA bus and the McBSP connectors that are provided for a daughterboard addition to the 

                                                 
1 This project was supported in part by The International Foundation for Telemetering. 



‘C6201EVM. The TRF6900 is currently set up for a Frequency Hopping (FH) scheme using FSK, 
but with only two hopping frequencies (see Figure 1.) We are developing slow FH with continuous 
programming of the TRF6900 in the full duration of data transmission. FH is an excellent candidate 
for low-cost telemetry in that it has anti-multipath, anti-jamming, and multiple access capabilities. 
The software control of the TRF6900 chip allows for adaptive control of the MAC and transmission 
parameters in order to adjust for varying operating conditions.  
 
An access point (AP) is also under construction that can communicate with the 6201/6900-based 
radios. The AP consists of a computer connected to a VME-cage with the 4291 quad processing 
board from Pentek. Connected to this board is the 6216 A/D and 6229 D/A from Pentek, and for the 
up- and down-conversion from IF to the ISM band we use the Analog Devices 6190 board (see 
Figure 2.) 
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RESEARCH APPLICATIONS 
 
Direct-sequence and frequency-hopping are the two most common types of spread-spectrum 
modulation [6]. In FH the transmit center frequency is varied according to an assigned 
pseudorandom sequence and CDMA (Code Division Multiple Access) can be achieved by assigning 
individual codes to each user. Direct-sequence systems multiply a narrowband data stream by a 
wideband pseudo-noise binary sequence, and unlike FH, transmit using the entire frequency band 
instantaneously.  However, DS systems have more demanding synchronization requirements than 
equivalent FH systems, and are in particular sensitive to the near-far effect [6]. Existing 802.11a/b 
radios do not take advantage of spreading but use orthogonal frequency-division multiplexing 
(OFDM) and (code complementary keying) CCK.  For example, 802.11b systems use a one-sideed 
bandwidth of 11 MHz and transmit at a data rate of 11 mbps, and thus do not employ any excess 
bandwidth.  In order to avoid collisions,  802.11a/b systems must rely on CSMA (Carrier-Sense 
Multiple Access) /CA (Collision Avoidance) or RTS/CTS (request-to-send/clear-to-send) [4] which 
adds additional overhead to the data packets. In this respect FH might be more efficient in terms of 
minimizing latency and increasing throughput. This is a topic that will be investigated using the 
UCSB testbed.  
 

TEST BED 
 
The test bed consists of two wireless nodes and one base station. The nodes can transmit and receive 
data at a maximum rate of 115kbps [7] limited by the TRF6900 chip using a FSK/FH scheme. The 
base station A/D converter has a 30 MHz bandwidth, and hence can digitize and downconvert the 
entire 2.4 GHz ISM band.  
 
 

MOBILE NODES 
 
The wireless node consists of a TRF6900 FSK radio [1] that is controlled by a ‘C6201 DSP device. 
The TRF6900 allows programming of two hopping frequencies at any point in time, called Mode0 
and Mode1. Switching between these two modes is easily done by toggling one of the control signals. 
There are four registers that hold information about the operating mode in the TRF6900. In order to 
do slow frequency hopping between more than two frequencies these control words must be 
programmed accordingly. The registers also control the frequency deviation for FSK and which 
components are activated in the RF chip. 
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The interface between the ‘C6201EVM and the TRF6900EVK is done via respectively the two 
McBSP ports [9] and the 14 pin [8] connector. (See Fig. 3 and Table 1.) An intermediary PCB board 
with an 80 pin header is connected directly to the ‘C6201EVM  from which a cable is connected  to 
the 14 pin serial/control input on the TRF6900EVK. In the ‘C6201 chip any FH protocol can be 
programmed to control the operation of the TRF6900 and ultimately interfaced with an application 
running on the host computer. Communication between the host computer and the ‘C6201 is done 
using the RTDX™ (Real-Time Data Exchange) utility in Code Composer Studio™ and a OLE 
capable program [5] running on the host processor. 
 
The following table shows the 14 pin layout on the TRF6900 and mapping to the ‘C6201 EVM 
MCBSP interface. 
 
Table 1 
Pin on 
TRF6900 

Pin on 
C6201 

Description TRF6900 Description C6201 

1  Vcc (Positive 3V) (out) Not using 
2 41 STROBE, serial programming (in) XFSR1 
3 39 CLK, serial programming (in) XCLKR1 
4 33 DATA, serial programming (in) XCLKX1 
5 35 MODE between mode 0 and 1 (in) XFSX1 
6  NC Not using 
7 36 STANDBY (in) XDX1 
8  NC Not using 
9 24 TX_DATA transmission data (in) XDX0 
10 42 LOCKDETetect (out) XDR1 
11  RSSI_OUT (analog out) Not using 
12 30 RX_DATA data slicer output (out) XDR0 
13  AMP_OUT post detection out amp 

out (analog out) 
Not using 

14 26 GND (in/out) GND 
 
 

THE BASE STATION 
 
The base station consists of a VME-cage with the 4291 quad processing board from Pentek with four 
TI  ‘C6701 DSP processors  interconnected via BI-FIFOs. Connected to the board is the 6216 A/D 
and 6229 D/A from Pentek, and for the up- and down-conversion from IF to the ISM band we use 
the Analog Devices 6190 board (see Figure 2.) Once the data is captured on the 6216 A/D it is 
transmitted to the DSPs using the DMA bus, where the data is filtered and processed. 
 
 

SYNCHRONIZATION AND PACKAGING ISSUES 
 
In the MSP430-TRF6900EVK [3] synchronization is achieved by first transmitting a training 
sequence of alternating zeros and ones, a process that takes about 1ms, then the data packet of 32 



bytes is sent, equivalent to a duration of about 7ms. The MSP430 continuously samples the output 
data signal from the TRF6900 and keeps track of the time between the pulse edges with a counter. 
When more than eight consecutive pulses have been detected the training sequence is considered 
detected and the MSP430 starts looking for the start bit. The start bit is three times the pulse width of 
the training sequence and at the end of the start bit the actual data transmission begins including 
CRC (Cyclic Redundancy Code) error correction code. 
 
In the test bed described above alternative synchronization techniques can be tested and FH can be 
implemented by toggling the mode control signal or reprogramming the transmit frequency. 
Adaptive and continuous synchronization can be done in the full duration of the data transmission to 
account for varying noise and interference levels in the different frequency channels and while each 
data package is being sent. 53 byte ATM cells can be transmitted instead of the 32 byte packages in 
the MSP430-TRF6900EVK. 
 
 

CONCLUSION 
 
The test bed described here implements a general-purpose frequency-hopping based telemetry 
network.  The mobile radios are programmable with arbitrary hopping and data rates, as well as 
custom MAC protocols.  Applications such as wireless internet access and web-based telemetry can 
potentially be demonstrated using the 4291-based access point. 
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ABSTRACT 
 
What do you do when your downlink telemetry needs outstrip your downlink bandwidth capability?  
The telemetry needed to support construction and operation of the largest, most complex engineering 
project ever undertaken, the International Space Station (ISS), already requires utilization of the full 
capacity of the downlink S-band capacity, yet there are additional systems and capabilities still to be 
added by NASA and the International Partners. 
 
The ISS Command and Telemetry Team has developed a method of swapping packets of telemetry 
that are intended for special operations, while simultaneously sending essential systems telemetry 
and less critical telemetry that is needed on a continuous basis.  To support this attempt to “make 
available all of the data at least some of the time” the team developed concepts for grouping 
telemetry into families that would always be selected as a group and then created a set of metadata 
associated with these groups.  This metadata is pre-defined to support automated selection and 
scrubbing of telemetry to correspond to major upgrades in the command and control software for the 
ISS.  
 
The new process will at least double the effective S-band downlink bandwidth.  It will also provide 
automated selection, scrubbing, reporting and verification of telemetry selections. 
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telemetry, bandwidth, S-band, ISS, International Space Station, packet, downlink 
 
 

INTRODUCTION 
 
The International Space Station (ISS) currently has a primarily manual process for selection of 
telemetry and subsequent moves and deletions (i.e., “scrub”) to make the telemetry fit within fixed 
packet sizes.  This process is approaching the point of unmanageability as increasing amounts of 
telemetry are being requested by NASA flight disciplines and International Partners (IPs) in excess 
of the maximum volume for the packets.  Special contingency and extended data dump packets are 
available for infrequently requested data, but these interfere with the downlink of normal telemetry 
through preemption and replacement.  The risk of telemetry not being selected or being selected at 
the incorrect downlink rate is increasing. 



 

 

 
In order to increase the virtual downlink bandwidth for the ISS S-band system and simplify the 
telemetry selection and scrub processes, the ISS Command and Telemetry Team (ICATT) has 
developed methods for pre-defining selection and scrub parameters based on groups of related 
signals and allowing swapping of entire packets of telemetry in near real-time.   
 
 

MANAGEMENT OF TELEMETRY SELECTION AND SCRUB PROCESS 
 
A “format” includes the maximum amount of data that may be down-linked at a time via S-band for 
the ISS.  It includes three distinct packets of telemetry with a total capacity of 32,400 words.  Figure 
1 shows that long before completion of assembly of the ISS, the capacity of 1 format will be 
exceeded.  At completion of the ISS assembly, based on both growth estimates by system and a least 
squared fit projection, there will be almost twice as much telemetry requested as will fit in one 
format. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
In order to increase the efficiency and reliability of the telemetry selection and scrub process, 
ICATT has developed a process for automating selection and scrubs.  This automation relies on the 
user flight disciplines to pre-define for groups of signals, called “families”, the following: 
 

• operational uses of the telemetry (i.e., nominal operations, special event-driven 
operations, assembly and checkout only and contingency) 

• periods of time (i.e., Shuttle flights they apply to) each family will be used to support 
each operational use defined, through completion of ISS assembly 

• relative priority for the family being moved to other packets or different rates, or 
being deleted entirely 

• recommended rate for downlink 
 
Each format is divided into three packets, which are in turn subdivided by rate.  An Essential packet 
is reserved for telemetry that is critical for the safe operation of the ISS and its major systems, safety 

Figure 1. Projected Growth in S-Band Downlink Telemetry for the ISS
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of the ISS crew and performance of mission objectives.  The availability of “essential” telemetry is 
never interrupted by contingency packets or diagnostic data dumps.  A Housekeeping 1 packet 
contains telemetry that is primarily used for assembly and checkout, time-critical operations and 
insight into major fault detection and recovery status. 
 
Once the telemetry has been selected for the different packets and rates in a format, an automated 
scrub process occurs to resolve issues with any packet rates being oversubscribed.  A set of rules has 
been created that is the basis for moving telemetry from over-subscribed packet rates to under-
subscribed ones.  Which families are moved is determined by the priority that was assigned to them.  
These rules also determine which families are deleted, if moving the telemetry to under-subscribed 
packets does not resolve all over-subscription issues. 
 
 

INCREASING VIRTUAL DOWNLINK BANDWIDTH THROUGH PACKET SWAPPING 
 
ICATT has developed a packet swapping process to increase the amount of telemetry available at 
any given time during ISS operations.  Since telemetry that is used only for special operations such 
as Extravehicular Activities (i.e., spacewalks) or robotic arm operations, assembly and checkout of 
new systems or ISS modules, or for contingency situations is not required all of the time, it is placed 
in a packet that is available only as needed during an extended period of time while other formats are 
being used.  Since essential telemetry must by definition be received all of the time, Essential 
packets can’t be replaced by another packet that is swapped in.  However, since the availability of 
housekeeping telemetry is interruptable, the Housekeeping 1 and 2 packets may be swapped in and 
out as needed. 
 
As a result of packet swapping, changes in availability of telemetry in the Mission Control Center is 
more dynamic, and can be more confusing.  To mitigate that, the operations schedule identifies each 
planned change in packets.  The flight controllers will also have available a support tool that assists 
them in quickly determining telemetry changes as packets are swapped in and out.  This tool shows 
what telemetry families are available in each packet and also allows the user to locate where 
individual families or signals are located.  Figures 2 and 3 show screen views for this tool that 
allows the user to accomplish this. 
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CONCLUSION 
 
There are methods available for increasing the virtual downlink bandwidth available.  Coupled with 
automation of telemetry selection and scrubbing, these methods support efficient and reliable 
increases in telemetry availability to the point that “all the telemetry is available some of the time” in 
large telemetry applications, such as those used to support the International Space Station. 
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ABSTRACT 
 
The current challenge has been to develop and adapt commercial Internet protocols for usage in 
space communications. Commercialized solutions, rather than Customized ones are cheaper, have 
low turnaround time and offer higher flexibility in deployment and operation. The focus of the study 
was to modify and develop UDP/IP based protocols commonly used in commercial Internet for 
reliable data transfers in space environment. 
 
Multicast Dissemination Protocol was designed by Naval Research Laboratory to provide reliable 
multicast data and file transfer delivery on the top of general UDP/IP platform. It is very suited for 
bulk data transfer over the Internet. We have extended its usage in space channels and evaluated it as 
a solution to meet key challenges in space communications like high bit error rates and asymmetric 
channels. We have also tried to optimize the performance of the protocol in the terms of throughput, 
reliability, integrity and security of data. The evaluation test were carried on our Space to Ground 
Link Simulator which uses PPP to model point to point satellite links and correspond to low capacity 
systems as found in small satellite systems. 
 

KEY WORDS 
Multicasting, MDP, Space communication Protocols, Space Internet 
 
 

INTRODUCTION 
 
In an effort to study the entire spectrum of both connectionless and connection oriented transport 
layer protocols in space communications and with the Transmission Control Protocol (TCP) being 
already extensively researched has led to the investigation of User Datagram Protocol (UDP) based 
application layer protocols [1]. The focus is on evaluating the ones capable of meeting challenges of 
space environment, i.e. relatively high bit error rates, long delays, intermittent communication and 
propagation delays [2]. Traditionally TCP based protocols with their positive acknowledgement 
mechanism suffer limitations in satellite data transfers and hence UDP based protocols may have an 
advantage due to UDP’s connectionless nature and may be more suitable in handling intermittent 
connections and packet drops. That is the reason we have directed our investigation into one of UDP 
based negative acknowledgement feedback protocol known as Multicast Dissemination Protocol 
(MDP) [3]. 
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WHY MULTICAST DISEMMINATION PROTOCOL 

 
MDP is an UDP based protocol capable of reliable data and file delivery transfers. It has advertised 
mechanisms to re-establish links after link outages. It doesn’t have a slow-start mechanism or other 
flow controls unlike TCP based protocols. It can be used in both unicast and multicast mode .Its 
selective negative acknowledgement mechanisms made it viable to be evaluated in space channels 
because of very high bit error rates and long propagation delays which don’t allow a positive 
acknowledgement scheme to work efficiently. The protocol is available in Linux and Windows 
environments to allow easier testing. 
 
 

QUESTIONS TO BE EXPLORED 
 
The objective of the paper is to explore and probe the following questions in the light of operational 
characteristics of MDP 
• Can UDP-based Protocols like MDP be effectively used in small satellite type links for data 

file transport? 
• How well connectionless UDP compare with connection oriented TCP in space 

environments. 
• How well do negative acknowledgement work at the application layer in providing a reliable 

data and file delivery services. 
 
 

MULTICAST DISSEMINATION PROTOCOL 
 
The multicast dissemination protocol is designed to provide reliable multicast data and file delivery 
services on the top of generic UDP/IP transport. MDP is well suited for reliable multicast bulk 
transfer of data across a heterogeneous internetwork. Additionally, the protocol is adaptable to range 
of network environments including space channels. At its core, MDP is an efficient negative 
acknowledgement based reliable multicast protocol [4] that leverages erasure based coding in the 
ways to improve protocol efficiency and robusteness. The core MDP framework makes no design 
assumptions about network structure, hierarchy or reciprocal routing paths. MDP also includes 
adaptive end-to-end rate based congestion control mode that is to operate with competing flows. 
MDP also dynamically collects group timing information and uses it to further improve its data 
delivery efficiency in terms of latency, overhead and minimal redundant transmissions.   
 
  

CONSTRAINTS IN SPACE ENVIRONMENT 
 

The space environment poses challenges potentially different from the current ground-based wide 
area network links where TCP is normally used. Space links often have characteristics such as  

• High Bit Error rates  
• Longer Propogatinal Delays 
• Intermittent Connectivity 
• Asymmetric Channels 
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TCP is known to have limitations in network environments with long operational delays and high 
error rates. TCP does provide reliable transfer of data but it needs positive acknowledgement from 
the receiver for transfer of each data packet, which in turn reduces the throughput. It is also not very 
efficient in recovering lost links and handling intermittent connections. Finally it’s slow start 
mechanism is not ideally suited for space to ground data transfer where there are few competing 
flows. TCP treats channel errors as congestion hence it takes longer time to complete the 
transmission than for a protocol based on UDP where the application provides for a reliable 
feedback loop. 
 
UDP, on the other hand send the data packet with checksum attached to its lower layer and forgets 
about it. The application needs to provide for a feedback mechanism for error detection and 
correction for reliable data transfer. 
 
 

TEST ENVIRONMENT 
 
The Space to ground link simulator (SGLS) channel simulator is used to perform the error 
generation and link delay used to test the protocol suite performance. In this section, we describe the 
simulator and   the standard tools for gathering data to measure the performance. The SGLS has been 
developed at NMSU to model space channel characteristics experienced in transmitting data. The 
simulator is described fully in [4], [5], and [6]. Basically, the SGLS configuration allows the user to 
configure the simulated channel to 
1. Allow for simultaneous bi-directional data flow (forward and return channels), 
2. Allow user-selectable error rates and statistical descriptions of the channel, 
3. Allow different data rates on the forward and return links as would be found in satellite links, 
     E.g. 2400-baud forward, 115200- baud return. 
4. Provide for a simulated delay up to 5 seconds on each link. 
5. Allow for forward and return channel link disruptions and select the duration of the disruption  
    along with the time interval at which link outage takes place from start of data transmission. 
 
The error generation methodology used in the simulator is based performing an Exclusive-Or 
operation on the protocol data stream with a pre-stored channel error vector having the error 
statistics desired by the user. The channel error vector is typically on the order of 1 Mbit in length 
and repeats when the end of the vector is reached. The vector is selected by the user as part of the 
simulation process from a list of available error vectors with differing statistical characteristics. 
 
The channel error delays are generated using a software buffer to store the data until the desired 
elapsed time to model the link propagation delay has passed. The SGLS utilizes the LabVIEW 
programming language to control data flow through the simulator, mix the base band data stream 
with the user-selected error vector, and provide for the user-selectable link delay value. The 
hardware configuration is illustrated in Figure 1. The LabVIEW software is run as an application on 
each of the SGLS computers. Typically, the LabVIEW modules are the only applications software 
running on the computers. This configuration was developed to model point-to-point satellite links in 
its current configuration. The bandwidth delay product for the system under an 115200bps 
symmetric link with no imposed channel delay is 671bytes. As a comparison, a T-1 line crossing the 
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United States has an estimated bandwidth delay product of 11,580 bytes [7]. Therefore, this 
simulator corresponds to a relatively low capacity system. 
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                     Figure 1-Block diagram of space channel simulator                                                              

 
 
 

 TEST METRICS AND DATA PAYLOAD 
 

Our design space for MDP consists of optimizing protocol performance in satellite to ground 
bulk data transfers. Hence we have only evaluated the parameters, which affect MDP at that 
level and tried to reach a solution. 
  
Transmission lifetime is an important metric that used by the protocol. It is defined as the time 
taken by a file to transfer under zero error (0 Bit Error Rate [11]) and no delay conditions. The 
time is measured at the server and under the above conditions it is the same at the receiver too. 
This metric has been used to evaluate the effect of delays and link cuts on the duration of the file 
transfer. 
 
The measurement and analysis made are based on the fact that in each of the end-to-end file 
transfers under varying error and link conditions, the file integrity was never compromised and 
only the duration of transfer varied accordingly. 
 
The payload for our tests was files and directories and transfer characteristics for each were 
observed. The directories consisted of files with individual characteristics known and hence 
attention was paid towards their behavior as collective whole. The individual files tested were of 
100KB, 1MB and 10MB each. 
 
 

OPERATIONAL CHARACTERISTICS OF MDP 
 

 
 OPERATING SYSTEM REQUIREMENTS 

 
MDP is compatible and interoperable with Windows and variants of Linux operating system. To 
illustrate this point we have interchangeably used Windows98, Redhat Linux and Suse Linux on our 
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logical ground station and logical satellite. The performance in terms of throughput doesn’t show 
any perceptible variance irrespective of whether the transmission is from linux host to windows 
receiver or linux to Linux. This indicates that MDP is not affected by the underlying operating 
system. This property is important because of the fact that MDP does not need any custom built 
operating system and can work any with operating system. 
 
 

OPTIMUM TRANSMISSION RATE 
 
The Transmission rate parameter of MDP can be set according to the channel conditions, the 
maximum limited only be the channel capacity and the hardware. Its default is set at 64kbps, but we 
have set it up to10Mbps on the Ethernet. On our simulator though the channel speed is set at 115200 
bps, any rate set above 88,000 bps leads to higher throughput time than at 88,000 bps itself. It has 
been observed that any speed above 88,000 causes interface loss on the channel and as a result the 
file transfer duration increases.  
 
 

 THROUGHPUT 
 
Throughput as the measure of file transfer duration under varying conditions of Bit Error Rate is 
presented. We have specifically calculated the transmission times of variety of file sizes. We 
observed that MDP has a consistent data throughput and the achieved data transfer rate is varies 
within 90% of the set transmission rate of 88,000 bps. The channel capacity is at 115200bps. 
 
Table 1. Transfer Duration at Different Bit Error Rates 
 
File Size Bit Error Rate Transfer Duration (sec) Achieved Throughput (Bits per sec)
100KB 0 10 81,290 
100KB .000001 11 74,427 
100KB .0001 36 22,755 
1MB 0 96 87,381 
1MB .000001 99 84,733 
1MB .0001 323 25,970 
10MB 0 956 87,746 
10MB .000001 1027 81,680 
10MB .0001 3225 26,011 
 
 
In a zero error environment the transfer duration of MDP is slightly higher than TCP based 
protocols. But in case of high bit error rates like 10-4 MDP is able to complete the data transfer 
whereas TCP based protocols like File Transfer Protocol (FTP) ceases transmission. The fact that 
MDP is capable of maintaining data transmission even at relatively high error rates makes it suitable 
for space applications. 
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PROPOGATION DELAYS 
 

Tests were conducted to ascertain the effect of propagation delays on the file transfer duration for 
MDP. We primarily concerned ourselves with 5 sec bi-directional delay (longest delay obtainable on 
our simulator) at zero Bit Error rate to analyze the effect of propagation delay on the throughput 
without any channel errors being simulated. 
 
 
Table 2.Effect of 5 sec propagation delay on transfer duration. 
 
File Size Bit Error Rate Propagation Delay (sec) Transfer time (sec)
100KB 0 5  14 
1MB 0 5 136 
10MB 0 5  1387 
 
 
TCP works on the positive acknowledge mechanism that it waits for receiving acknowledgement for 
the last block of data sent before it continues transmission. If the acknowledgement is not received 
before the timeout interval, it retransmits the last block again and again until it is acknowledged. 
Under high propagation delay of 5 sec TCP has to wait for longtime for the acknowledgement for 
each block of data and thus the data transfer times are higher than that of MDP which being based on 
negative acknowledgement, does not need to acknowledge every block received successfully.  

  
UPDATE OF FILES 

 
At the start of transmission of a file MDP sends a packet known as MDP_FILE_INFO concerning 
the particulars of the to be transmitted file including it’s size. The file may not be updated until its 
transmission is complete or it is rendered useless due to format errors. If the size of the file is 
increased during transmission, up to original file size is transmitted and if its decreased during the 
transmission MDP assumes the file to be corrupted and discards the transmitted file on the receiver. 
 
 

PARITY BASED REPAIRS 
 
By default MDP sends no parity packets with the data and follows a reactive policy, that is, parity 
packets are automatically inserted during error correcting sessions and not in the original 
transmission. Transmissions in high error environments generate large number of retransmission 
requests. Hence sometimes it pays to follow a proactive policy, deliberately inserting parity packets 
in per MDP coding block and thus number of NACKS are generated are few along with fewer 
retransmissions. It is particularly useful where the channel is asymmetric though it adds to the 
overhead and leads to higher transfer duration. In few cases it actually decreases the transfer duration 
than it would be without the parity packets. TCP based protocol like FTP ceases data transfer at high 
error environments. 
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To illustrate our point we have chosen an mp3 file of 3659913 bits and tested it in a .0001 BER 
environment   
 
Table 3. Effect of parity packets on transfer duration in high error environment 
 

# Parity Packets Transfer Duration (sec)
0 2395 
20 2373 
30 2292 
60 1444 

 
This validates our point that proactively inserting parity packets in MDP coding blocks helps to 
achieve lower file transfer duration and hence higher throughput than following a reactive policy in 
especially high error environments. 
. 
 

 INTERMITTENT LINK CUTS 
 
Links cut satellite communications can be intermittent, i.e. happen without warning or may be due 
to the time the satellite is not seen above the ground station. The ability to handle intermittent cuts 
and restore them is an important characteristic of any space communication protocol. 
Intermittent link cuts occur due to atmospheric disturbances and may last for few seconds to several 
minutes. These cuts may occur in between the transfer of a file. We have studied the effect of these 
cuts on 1 MB and 10 MB files. 
 
Table 4. Effect of Intermittent Link Cuts on Transfer Duration 
 
 
File Size % Gap Duration (sec) Total transmission time 

(sec) 
1MB 25 15 110  
1MB 50 15 110  
1MB 75 15 110  
1MB 25 30 126 
1MB 50 25 120 
10MB 50 120 1076 

 
 
Here % denotes the total percent of the file transferred when the link cut occurred. Total 
transmission time is the total time taking for the end-to-end file transfer and includes the gap 
duration time. 
 
The following hypothesis was validated: 
If the transmission lifetime of a file is t sec and link is cut when % p of the transmission is complete  
or z sec of transmission have taken place and link cut duration was l sec where(l+z)<t sec then total 
 time taken for complete transmission would be about (t+l) sec and is not dependent on the %p. 
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For directories is too, if there is a link cut and link is restored within the lifetime of the server 
transmission, the time taken for total transfer is about the usual time + link cut duration. This was 
expected because individual files behave in that way. 
 
 

 SCHEDULED LINK CUTS 
 

Scheduled links cuts are the duration during which the satellite is not seen over the ground station 
and hence no data transfer takes place. We have categorized scheduled link cuts as link cuts which of 
much larger duration than the transmission lifetime of the files. In such cases there is certain amount 
of resynchronization time required after the link is restored and data transfer commences again. The 
time taken for resync is independent of the transmission life time of the file and % of the file 
transmitted when the link cut occurred and also happens to in fairly constant range for link cut 
durations of 15mins to 1.5 hrs. 
 
 
 
For 1MB files 

Table 5. Resynchronization time for Scheduled Link Cuts 
 

% Gap Duration Resynchronization time (sec) 
25 900 120-159 
25 1800 105-158 
25 5400 150 
50 5400 150-165 

 
. 
 

 ASYMMETRIC CHANNELS 
 

Unlike TCP based protocols, which rely on positive acknowledgements MDP can work in complete 
asymmetric channels. By asymmetric channels we mean that only the forward channel is operational 
and the return channel is closed Thus in absence of any feedback from the client, the server 
continues on transmitting in a best effort service fashion until all the files and directory have been 
transmitted. When the return link is again available the client may send aggregated NACKS for the 
transmitted files and server goes into repair session and completes the data transfer. 
 
 

CONCLUSION 
 

The presence of negative acknowledgement scheme at the application layer and using connectionless 
UDP at the transport gives it advantages in link management and reliable transfers in high error 
environments. The studies shows that MDP has desirable features, which makes it attractive for bulk 
data transfer in asymmetric and space Internet work applications. Proactive FRC based repairing 
improves protocol performance in very high bit error rate scenarios. The ability of the server to hold 
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state information is very useful in handling link cuts and initiate repair sessions long after initial 
transmission is over. It is capable of operating independent of the network structure which makes it 
attractive for real time data transfer in space like environments like the wireless systems because of 
high error rates link disruptions and frequent packet drops. 
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ABSTRACT 
 
The GEOSAT Follow-On (GFO) Time Tag Correlation System (TTCS) was implemented as a 
ground-based time correlation system for precision time tagging of satellite data.  This system uses 
simple ground hardware and software to convert satellite time to UTC, resulting in time tagging of 
payload data to within +/- 20 microseconds. The technique described in this paper eliminates the 
need for an on-board satellite Ultra-Stable Oscillator (USO) to achieve precision time tagging of 
satellite data and, therefore, can result in a significant cost savings to future missions. 
 
 

INTRODUCTION 
 
When the GFO satellite was designed and built the intention was to use the on-board GPS system in 
combination with the Vehicle Time Code Word (VTCW) to correlate satellite time to Universal 
Time Coordinates (UTC).  The VTCW is a counter that is driven by a double oven-controlled crystal 
oscillator that was determined to be sufficient to meet the requirements.  Following the launch of the 
satellite, it was determined that the GPS systems were not properly functioning and a new approach 
had to be developed to meet the program requirements of time tagging payload data to within +/- 20 
microseconds.  The GFO Time Tag Correlation System (TTCS) was implemented as a ground-based 
time correlation system to allow the ground system to convert satellite time to UTC while 
maintaining the required accuracy.  The GFO TTCS along with the GFO ground system software 
characterizes the drift of the less expensive oven-controlled crystal satellite oscillator to permit the 
conversion of satellite time into UTC and vice-versa.  This technique and conversion software has 
been proven to correlate the payload time tags to within the required microsecond accuracy.  The 
technique described within this paper eliminates the need for an Ultra-Stable Oscillator (USO) to 
achieve outstanding satellite data time tagging. 

 
 

CONCEPTUAL DESIGN 
 
As stated earlier, the concept of the TTCS system is to characterize the drift of the GFO satellite 
oscillator to allow for accurate conversion between VTCW and UTC and vice versa.  Because of the 
characteristics of the on-board oscillator the drift is expected to be relatively linear.  This means that 



a set of clock pairs, where each pair consists of a VTCW and an associated UTC, could be used to 
perform a linear fit.  The resulting slope of the fitted line is referred to as the ratio. 
 
This ratio can then be used in the following formula to convert between VTCW and UTC: 
UTCx = (ratio * VTCWx) + bias, where bias is the UTC when the VTCW = 0.  (1) 
 
Using (1) as our basis, we can see that UTCx – UTCy yields: 
UTCx – UTCy = (ratio * VTCWx) + bias – ((ratio * VTCWy) + bias),  (2) 
 
or 
UTCx – UTCy = (ratio * (VTCWx – VTCWy)).  (3) 
 
From (3) we are able to generate to following formulas: 
UTCx = (ratio * (VTCWx – VTCWy)) + UTCy,  (4) 
 
and 
VTCWx  = ((UTCx – UTCy) / ratio) + VTCWy.  (5) 

 
This means that given a known clock pair (VTCWy, UTCy) and either VTCWx or UTCx, the 
remaining value can be computed.  Furthermore, the closer together in time of the two clock pairs and 
the closer in time they both are to the clock pair set used to compute the ratio, the smaller the 
operands and error terms; therefore, the more accurate the time conversion. 
 
The only remaining problem is to determine how to collect a set of clock pairs.  The original GFO 
design approach was to use a signal from the on-board GPS system to latch the VTCW.  The UTC 
time generated from the GPS time correlated to this output signal is associated with the latched 
VTCW to form a single clock pair.  By designing the GPS system to periodically output a signal 
related to its time computation, a set of clock pairs could be generated and collected. 
 

 
DESIGN CHANGE 

 
Following the launch of the GFO satellite in February 1998, it was determined that the on-board 
GPS systems were not functioning properly and were not producing accurate output.  Currently, only 
one of the four GPS systems is able to output accurate data on an irregular basis.  This post-launch 
anomaly threatened the time tag approach and, therefore, the GFO mission.  Engineers at Ball were 
challenged to devise another method of time tagging. 
 
Since each major frame of telemetry data is time tagged by latching the VTCW via the major frame 
pulse, it was decided that these VTCWs could be used to generate clock pairs if the associated UTC 
could be determined.  Because the major frame pulse is correlated to the leading edge of the first bit 
of the major frame, it was decided that a ground-based system could be used to time stamp the same 
leading edge and this used to determine the associated UTC.  The associated UTC is simply the 
ground based time stamp minus three separate delays: two electronic path delays and the range 
delay.  Figure 1 illustrates the source of delays that must be used to adjust the UTC times collected 



in each TTCS clock pair.  The electronic path delays are relatively fixed and represent the 
combination of the time the data takes to travel within the satellite to the on-board transmitter and 
the time it takes to travel from the ground system antenna to the ground-based time stamp generation 
system.  The path delay is dynamic and represents the time the telemetry data takes to travel from 
the satellite to the ground system antenna.  One correction that is not made to the UTC is the 
adjustment of the path delay due to ionospheric affects on the transmission time of the telemetry. 
 
 

Range Delay = delay for the RF signal conatining
the real-time telemetry to travel for the satellite to
the ground system.

Electronic Path Delay 1 (EPD1) = delay between
output of major frame pulse, the latching of the
VTCW, and the transfer of data into the transmitterSa
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              Notes:
                    Total Electronic Path Delay = EPD1 + EPD2
                    Total Delay = Total Electronic Path Delay + Range Delay  

 

Figure 1. Time Delays affecting the UTC in the GFO TTCS clock pairs 
 
 
The ground-based time stamp generation system and the processor used to remove the delays from 
the time stamp is called the GFO Time Tag Correlation System (TTCS).  Figure 2 depicts a 
functional block diagram of the GFO TTCS.  The TTCS detects the leading edge of the first bit of 
data in a major frame and latches UTC from a Datum timing card to generate the time stamp.  The 
system then uses a separate, existing system to compute the range to the satellite for each time 
stamp.  The electronic path delay is calibrated for each remote site using the one flight GPS system 
in a degraded mode.  The TTCS processor collects all of this data and computes the UTC associated 
with the major frame VTCW, and outputs a clock pair for each major frame of real time telemetry 
collected at the ground system. 
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Figure 2. GFO TTCS functional block diagram 
 
 
The characterization of the GFO satellite oscillator is performed using the clock pairs generated by 
the TTCS and the original linear fit software. 

 
 

CALIBRATION 
 
Once the TTCS equipment is integrated into a ground system, the electronic path delay must be 
calibrated for that ground site before the installation is considered complete.  The calibration process 
consists of generating a set of clock pairs using the GPS system.  This set of clock pairs is used to 
characterize the drift and generate coefficients to convert between a VTCW its UTC equivalent.  
Several sets of clock pairs are also collected by the TTCS for each of the data paths the real-time 
telemetry can take through the ground system before being captured by the TTCS.  For the clock 
pairs collected by the TTCS, the electronic path delay is set to zero, however, the range delay is 
removed.  The set of coefficients that are computed from the clock pairs generated using the on-
board GPS system are applied to the VTCW from each TTCS clock pair to predict the value of the 
UTC.  For each of these pairs the difference between the predicted UTC and measured UTC is 
computed and represents a single measurement of the electronic path delay.  Over 2000 such 
measurements are then averaged to determine the electronic path delay for a specific data path 
through the ground system.  The electronic path delays measured so far range from 845 to 885 
milliseconds, and the standard deviations were each less than 2 microseconds. 



  
Since the real-time telemetry stream can take one of two data paths through the ground system each 
data path must be calibrated separately. The data path of the real-time telemetry depends on the pass 
type: telemetry monitor pass or stored data playback pass.  The difference between these paths is the 
channel used to transmit the real-time telemetry from the satellite to the ground system.  In one case 
the real-time telemetry is on the carrier and in the other case it is on the first sub-carrier.  The 
electronic path delay difference between the two data paths has ranged from 5 to 20 microseconds.  
Remember that while these numbers seem insignificant, they represent between 25% and 100% of 
the allowable time tagging error budget.  Therefore, they must be measured and the correct 
electronic path delay must be applied to the clock pairs collected by the GFO TTCS. 
 
The calibration of the electronic path delay for a specific ground site is valid until one or more of the 
hardware units in the data path are modified or replaced.  A recent re-calibration of the GFO TTCS 
at one of the ground sites after distinct hardware components had been replaced resulted in a change 
of more than 18 microseconds in the electronic path delay. 

 
 

OPERATIONAL MODIFICATIONS 
 
The GFO TTCS is integrated into multiple remote sites of the ground system and collects data by 
tapping into the data stream between the Communications Security (COMSEC) equipment and the 
frame synchronizer.  Figure 3 shows the GFO TTCS integrated into the ground system.  Once the 
TTCS is installed into the ground system, the electronic path delay is calibrated.  The TTCS uses an 
Ethernet connection to collect the range data required to compute the range delay and send the 
resulting clock pair data from each GFO satellite contact to the satellite operations center.  The clock 
pair data sets are collected at the satellite operations center and stored in a fixed length FIFO.  Each 
time a new data set is received and ingested into the FIFO, the drift of the satellite oscillator is 
recomputed and distributed throughout the ground system.  The results of the computation are used 
to perform all of the required conversion between the satellite VTCW and UTC. 
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Figure 3. GFO TTCS integrated into the ground system 
 
 
In addition, software timers were implemented to alert the satellite operators if a new drift 
computation has not been distributed within a certain amount of time.  Satellite operators are also 
alerted if the quality of the drift computation is not within an expected tolerance. 
 
 

FILTERING AND QUALITY CHECKS 
 
Since the GFO TTCS clock pairs rely on satellite telemetry to be collected, there are inherent errors 
in some of the clock pairs.  The errors are generally found at the beginning, around the middle of 
high elevation passes, and at the end of a satellite contacts.   For this reason, filters and quality 
checks are applied to the clock pairs and quality checks to the conversion coefficients before the data 
is released for use throughout the ground system. 
 
Once the GFO TTCS clock pairs are generated and the UTC values adjusted for both delays, a 
statistical filter is iteratively applied to the single set of clock pairs from a satellite contact to remove 
bad data. The statistical filter is applied to the differences between consecutive VTCW and UTC 
values separately.  This filter is iterated until the average difference is less than 10 microseconds.  
Generally, the clock pairs are filtered due to variations in the VTCW values because those are 



subject to bit problems in the telemetry stream.  After all of the bad data has been identified and 
removed, the clock pairs are added to the data set used to compute the conversion coefficients. 
 
Each time a set of conversion coefficients are computed, the coefficients are applied to each pair in 
the data set used in the computation to perform a quality check of the data.  A technique similar to 
the one used to calibrate the TTCS is used to measure the difference between a predicted UTC and 
the measured UTC for each clock pair.  If any of these UTC differences are greater than the 20 
microsecond requirement, the satellite operators are alerted and that set of conversion coefficient are 
not distributed throughout the ground system.  In fact, if any of these UTC differences is greater than 
18 microseconds, the satellite operators are alerted.  

 
 

RESULTS 
 
The time tagging scheme using the GFO TTCS has been working within specification for over a 
year.  Independent analysis has shown the accuracy of the time tags to be approximately +/- 5 
microseconds with only occasional occurrences of larger values.  Since these occurrences seems to 
correlate to the periods of time when the satellite is entering or exiting eclipse cycles, it suggests that 
the associated temperature swings experienced by the satellite may be causing a variation of the 
satellite oscillator frequency. 
 
Since installing the original TTCS, the GFO customer has procured two more units for installation in 
their additional ground systems.  The integrations were completed and the calibrations of each TTCS 
were completed by the end of the first quarter of 2002. 

 
 

CONCLUSIONS 
 
For over a year, the GFO Program has shown that time tagging accuracies of less than +/- 20 
microseconds is possible without requiring the inclusion of a USO on the satellite.  The fact that a 
less expensive and less accurate satellite oscillator can be used to achieve this accuracy proves that 
this quality of time tagging is still possible on a limited budget program. 
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ABSTRACT 
 
The Air Force Flight Test Center in association with the Range Commanders Council (RCC) Range 
Safety Group is conducting a program that will explore the next generation of ground-based flight 
termination technology, known as the Enhanced Flight Termination System (EFTS) program. The 
first part of the program was successfully concluded in May 2002. The Government is leading this 
program with support from contractors, academia, and other RCC groups including the Telemetry 
Group, Frequency Management Group, and Telecommunications and Timing Group.  Additionally, 
the National Security Agency is providing key support along with vendors who design, build and test 
range safety systems. 
 
This paper will discuss details of the design validation and development phases (part two) of the 
EFTS program. Redesign of flight termination receivers and ground system modification plans will 
be discussed as well as flight and ground hardware testing objectives. 
 
 

KEY WORDS 
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INTRODUCTION 
 
The Enhanced Flight Termination System (EFTS) program began with a study that was initiated to 
explore more robust links for flight termination systems (FTS). These command transmit links are to 
provide increased security in order to prevent unauthorized activation of flight termination receivers 
(FTRs), and ultimately, inadvertent destruction of national assets.  
 
The program is organized in three parts.  Part One was comprised of the Range Commanders 
Council (RCC) Range Safety Group (RSG) study that was completed in May 2002.  A 
comprehensive overview of the study can be found in the ITC 2001 proceedings1.  The final product 
from Part One was a proposed solution for the next generation FTS.  Part Two will validate the Part 

                                                 
1 Steven G. Cronk, Maria A. Tobin, and Robert D. Sakahara, “Enhanced Flight Termination Study - Overview and 
Status,” Proceeding on International Telemetering Conference 2001, International Foundation for Telemetering, 2001, 
pp. 297-403. 



One solution through the prototyping of flight hardware and command transmitting (typically 
ground-based) equipment. Once the technology is proven, it will then be flight qualified on various 
platforms (such as missiles, space lift and unmanned aerial vehicles) on several ranges. Program 
completion in Part Three will yield a system that is fielded for production and deployment on all 
Department of Defense (DoD) and National Aeronautics and Space Administration (NASA) ranges. 
 
The objective of this paper is to provide an overview and describe some of the details associated 
with completing parts one and two of the EFTS program. 
 
 

EFTS PART ONE 
 
The RCC RSG Flight Termination Standing Committee (FTSC) initiated task RS-38 – EFTS study 
in April 2000.  The goal of the study was to investigate more robust command links for flight 
termination.  The task was organized and managed by NASA/Dryden Flight Research Center 
(DFRC) and the Air Force Flight Test Center (AFFTC) personnel using contractor support from 
DFRC, AFFTC and Vandenberg AFB.  The RCC Telemetry Group, Telecommunications & Timing 
Group, and Frequency Management Group provided expertise in their associated fields to ensure the 
task would achieve success. Since improved security was a primary goal of the task, the National 
Security Agency (NSA) provided representation and guidance throughout the process. Brigham 
Young University (BYU) also played an integral part in researching and testing a digital solution 
through the use of modeling and simulation.  Range safety vendors volunteered their support by 
providing practical industry perspective on proposed system component designs, test methods, 
manufacturing processes and cost estimations. Lastly, the FTSC members kept the team focused by 
providing their expertise in areas such as current operations, test techniques, equipment capabilities 
and the needs of the range users. 
 
The study was structured into four phases, which provided milestones for the task.  The following 
information provides an outline of each of the phases. 
 
Phase I - Requirements Definition/Range Infrastructure: In order to determine the specific system 
equipment being used and the operational practices in place, various members of the range safety 
community were contacted. Component vendors, individual ranges and users were each surveyed, 
not only to establish compliance of RCC standards, but also to help develop design guidelines as a 
basis for exploring new technologies. Phase I was completed in September 2000. 
 
Phase II – Technology Assessment: The examination of these new technologies began in this phase 
by evaluating approaches provided by team members and range safety vendors. The solutions were 
weighed by their advantages and disadvantages while considering cost and risk factors. Out of the 
seven approaches presented, two modulation schemes were deemed the most viable. Continuous 
Phase Frequency Shift Keying (CPFSK) and Modified High Alphabet schemes were both selected 
for further evaluation. Also chosen for additional consideration were the two NSA recommended 
encryption schemes: The Triple-Data Encryption Standard (3DES) and the Advanced Encryption 
Standard (AES). Phase II was completed in March 2001.  
 



Phase III – Technology Demonstration: Extensive analysis of both modulation formats led to the 
selection of CPFSK as the optimum scheme for EFTS. CPFSK, commonly referred to as pulse code 
modulation/frequency modulation, was selected for its supportability, demonstrated effectiveness in 
the telemetry field and because ranges are already familiar with this format. The 3DES encryption 
scheme was chosen for similar reasons and for the fact that it requires fewer bits for message 
authentication as opposed to AES. Additional studies during this phase also included interference 
modeling, legacy system testing, message format development and operational impact analysis. The 
definition of certain link parameters, however, such as forward error correction (FEC) and frame 
synchronization, was transferred to Part Two of the program. Phase III was completed in January 
2002. 
 
Phase IV – RCC Standards: The goal in this phase was to determine the potential impacts to the 
range safety standards by the implementation of EFTS. In some cases, separate RCC tasks were 
initiated so that unique teams could be assigned to ensure these efforts would be successfully 
accomplished. Other achievements were the completion of cost estimates and the development of 
performance specifications that were necessary to acquire the components for the prototype system. 
Phase IV was completed in April 2002.  
 
The successful and on-time completion of Part One of the EFTS program resulted in the following 
final products: 
 

- A proposal to further explore the use of a digital system using a CPFSK modulation scheme 
with 3DES encryption 

- System performance specifications and a Request for Proposal (RFP) package for design 
validation 

- Cost estimates for developing EFTS and upgrading the nation’s range safety command 
transmitting infrastructure were provided on schedule with approval from the range safety 
community 

 
 

EFTS PART TWO – PHASE I 
 
Scope: The primary focus of the EFTS program Part Two will be to substantiate the proposed data 
link and provide a fully qualified system that can be installed on all DoD Major Range and Test 
Facility Bases (MRTFB) and NASA launch and flight research facilities. Phase I will address the 
pertinent data-link characteristics through extensive testing of prototype FTR and command 
encoding equipment. 
 
Objectives: The following is a list of objectives to be achieved in Phase I: 
 

- Prototype EFTS airborne FTRs 

- Prototype an EFTS encoder 



- Resolve technical issues related to the EFTS data link 

- Address operational issues related to transmitting a digital message versus analog tones 
(standard and secure) 

- Develop and recommend technical standards and attributes for the communications link, 
command transmitter and FTRs 

- Demonstrate and test prototypes to establish and define system attributes 

 
Approach:  The goals of the validation phase are to contract with multiple range safety vendors, 
validate the EFTS Part One performance specifications and to conduct as much testing as possible 
with the funding available. A great deal of the testing will be conducted in the laboratory 
environment with the plan for limited flight-testing. An existing laboratory at Edwards AFB will 
provide the required space and test equipment to support EFTS. In order to facilitate flight-testing, 
the ground transmitting systems at both Edwards AFB and Dryden Flight Research Center will be 
modified. In addition, test aircraft from these centers will be modified and equipped to accomplish 
airborne testing of the prototype system. 
 
Products: Successfully meeting Phase I objectives will result in the following products: 
 

- Prototype FTR  

- Prototype ground-based addressable encoder/exciter  

- Tested encryption capability 

- Flight test data and test report 

- Recommendations for development and qualification 

- Government-owned design 
 

Proposed Schedule: The RFP package was released on May 6, 2002 with proposals expected one 
month later.  Evaluations will lead to the selection of a minimum of one FTR and encoder vendor. 
The vendor(s) will conduct design reviews and factory testing prior to delivery in mid 2003. 
Immediately thereafter, laboratory and airborne testing will commence with expected completion in 
the 3rd quarter of 2003.  

 
 



PART TWO – PHASE II 
 
Scope: Phase II efforts will concentrate on developing the EFTS equipment and ensuring it is flight 
and environmentally qualified which will provide a complete system that can be integrated on all 
applicable national ranges along with the necessary documentation for updating RCC standards. 
 
Objectives: The objectives of Phase II are to flight qualify airborne units that meet range user 
requirements and to certify the ground system components by conducting end-to-end tests on 
multiple ranges using multiple vehicle platforms. 
 
Approach: The technical approach for Phase II is to conduct extensive testing of EFTS equipment 
using at least three different flight platforms (missile, spacelift, UAV) on three different ranges. 
Command transmitting systems at each of the designated ranges will be modified to accommodate 
the tests. 
  
Products: Successfully meeting the Phase II objectives will result in the following products: 
 

- Fully environmentally qualified and tested FTRs  

- RCC standards 

- Contract for follow-on production of ground equipment  

 

Schedule: The projected start date for this phase is October 2003. First article units should be 
delivered in June 2005 with testing to be conducted the following year. Production airborne FTRs 
should become available in late 2006. 
 
 

DESIGN VALIDATION ISSUE - SPECIFICATIONS 
 
Objectives: In order to validate the proposed EFTS data-link format, prototype FTRs and encoders 
will be manufactured and tested. The Edwards AFB contracting office is working with the EFTS 
team to procure this equipment. The contract for Phase I will be performance-based whereas the 
development phase units will be built to design specifications derived from the design validation 
phase. 
 
Approach: Data-link characteristics such as modulation format, coding and message rate were 
provided to vendors. Other parameters, however, were given as starting points for the vendors to 
refine during this phase. These include bit rate, carrier deviation, frame synchronization and forward 
error correction. 
 
Since the FTRs will not be environmentally qualified during the validation phase, the environmental 
specifications given were based on prerequisites for the installation of electronic equipment on the 
potential flight test aircraft. The more stringent environmental specifications that the flight hardware 
will be subject to during the development phase were provided to vendors as guidance. TEMPEST 



requirements have also been provided to vendors as guidance but will be a requirement during 
development.  
 
 

DESIGN VALIDATION ISSUE - FLIGHT TEST REQUIREMENTS 
 
As noted above, an objective of Phase I will be to validate flight hardware through airborne tests. 
The extent of flight-testing will hinge upon available funding. In addition to factory testing and 
laboratory testing the prototype equipment against each of the performance specifications, the 
following are goals for flight-testing during the design validation phase: 
 

- Validate the effectiveness of the RF data link during straight and level flight 

- Validate the effectiveness of the RF data link during low-rate rolls and low-rate turns 

- Determine the effects on the RF data link caused by test vehicle acceleration relative to the 
command transmitter location, exposure to phenomena such as multipath and in the presence 
of known interference in the FTS frequency range 

 
 

CONCLUSIONS 
 
Part Two of the EFTS program will provide the range safety community and the range user with a 
fully qualified and enhanced flight termination system. This system will feature robust command 
link message formats using digital modulation techniques and NSA approved security providing the 
national ranges with a superior, low-cost command destruct capability for the future. EFTS will be 
able to replace the current analog-based systems and meet the challenge of higher-flying test 
vehicles with increased capabilities. 
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ABSTRACT 
 
 
This paper presents a Flight Safety System (FSS) for multiple, reliable Unmanned Air Vehicles 
(UAV’s) capable of flying Over-the-Horizon (OTH) and outside test range airspace. Expanded uses 
beyond flight safety, such as UAV Air Traffic Control, are considered also. 
 
This system satisfies the operational requirement for a Hazard Control Communication Channel as 
well as providing a reverse communications channel to provide Safety Critical Information to the 
Range Safety Officer (RSO). 
 
Upon examining 60 communications candidates, IRIDIUM accessed through a Data Distribution 
Network (DDN), with ARINC being a potential service provider, is recommended. 
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Introduction 
 
The methodology used in arriving at a recommended Flight Safety System (FSS) architecture 
consisted of defining a set of functional and performance requirements, evaluating potential 
terrestrial and satellite based technologies that could satisfy the stated reference needs, 
synthesizing a system design based on the recommended candidate technology, and predicting 
system performance for the synthesized design. 

This paper focuses on the selection of a suitable data link architecture that can satisfy the FSS 
communication requirements. 

Throughout the research effort we were guided by a ‘black box’ philosophy as shown in Figure 
1. An architecture was desired that takes full advantage of the existing inventory of Range Safety 
equipment, maintains the existing Flight Safety CONOP, provides the required performance, 
reliability and flexibility to support today’s and future Flight Safety needs, and yet is totally 
transparent to users of the system. The Range Safety Officer (RSO) should not be concerned 
about the “how” of the process, only that he has at his disposal a reliable and easy-to-use flight 
safety control capability. 

 
 

FSS Requirements 
 
The set of functional and performance requirements provided below were synthesized to assist in 
the selection of candidate technologies. 

• Maximize use of existing commercial and/or government systems (communications, 
infrastructure). 

 
• Maintain interoperability with existing CONOP and interfaces. A seamless and transparent 

migration to the FSS architecture was desired. 
 
• Make better use of frequency spectrum by either incorporating multiple, simultaneous 

missions in same and/or smaller bandwidth currently used for a single mission or use less 
than ½ the currently allocated bandwidth for a single mission. 

 
• Maintain independence from primary vehicle communications link. 

Figure 1 
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• Provide high reliability, redundant operation. 
 
• Provide full duplex operation to support both Hazard Control (to vehicle) and Safety Critical 

Information (from vehicle) data paths as shown in Figure 2. Hazard Control information is 
low rate, requiring less than 100 bps. The Safety Critical data path requires greater than 1 
kbps continuous data, with a desired rate of greater than 10 kbps (assuming a high 20 updates 
per second rate).  

 
• Low link latencies (less than one second, either direction) are required. 
 
• True global (pole to pole) coverage is desired. 
 
• Vehicle altitudes to beyond 100,000 ft, and hypersonic velocities, should be supported. 
 
• The developed hardware should be consistent with existing flight safety hardware size, 

weight and power requirements. (~ 7 in3, ~8 oz, <6 Watts). 
 
• Flight hardware should be non-complex and easily integrated into the vehicle.  

 
 

Candidate Technologies—Terrestrial Based Solutions  
(HF, Ground-based VHF, Meteor Burst) High frequency (HF) Communications 

 
HF, once the domain of amateur radio operators and long haul morse or teletype 
communications, is being increasingly utilized for higher data rate communications. An excellent 
example of HF technology in current use is ARINC’s GLOBALink/HF. 
 
In spite of the robustness of current HF communications, when compared to previous years, HF 
data communications continues to be a low data rate packet service with potentially high 
latencies. Higher data rates, while sustainable under certain conditions, cannot be reliably 
extended globally.  
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Ground based Ground-to-Aircraft Data and Voice 
 
Several networks exist that provide real-time ground to air data and voice communications.  
They employ a series of VHF ground stations located to provide coverage. As many as 135 
stations are required to provide North American regional coverage. Altitude limitations exist, 
since the systems are Line Of Sight (LOS). The networks are limited to regional coverage only, 
and cannot provide the global coverage required by FSS. 
 
 

Meteor Burst Communications 
 
Meteor burst communication relies on the reflection of radio waves off the ionized trails left by 
micro-meteors as they enter the atmosphere and disintegrate. Billions of dust-size meteors large 
enough to give usable trails enter the atmosphere each day. A meteor burst communications 
system requires high power VHF transmitters, usually between 100 and 10,000 Watts. Meteor 
burst is not suitable for FSS because of data throughput limitations, high latencies and the need 
for high power terminals. 
 
 

Candidate Technologies—Satellite Based Solutions (Background) 
 

Low Earth Orbiting (LEO), Medium Earth Orbiting (MEO) elliptical orbit and Geo-stationary 
satellite systems were examined for FSS. Each satellite orbit has distinct advantages and 
disadvantages when being considered for a global communications solution. 
 
 

Low Earth Orbiting (LEO) Satellites 
 
LEO satellites orbit the earth at altitudes of (generally) 500 to 1,000 miles. LEO systems require 
a large number of satellites for instantaneous global coverage (i.e., being in view of a satellite 
anywhere on the globe), because of their relatively small ‘footprint’ on the earth’s surface. 
Depending on orbital altitude, more than 45 satellites may be required. Because of their lower 
altitudes and significantly lower RF path losses, LEO systems require the lowest power to 
communicate with users. Two types of LEO constellations are referenced: ‘Big’ LEOs, and 
‘Little’ LEOs. While no qualitative definition of either exists, Big LEOs typically refer to 
constellations with a large number of satellites and/or more complex infrastructure and access 
schemes.  
 
An example of a Big LEO system would be IRIDIUM, with more than 60 satellites in orbit, with 
satellites communicating with each other, forming a giant telephone switch in the sky. Big LEO 
systems are generally designed for real time voice and data communications. 
 
Little LEOs have fewer satellites, and much simpler infrastructures. An example of a Little LEO 
system is Orbcomm which uses a simple store and forward (S&F) architecture (small data 
packets are received by the satellite, then re-transmitted when the satellite is in view of a ground 
station). Little LEO systems are typically designed to provide short-message (packet) type of 



 

services. Many of these messaging systems exhibit very high latency because of the S&F nature 
of the architecture. 
 
 

LEO Voice and Data Systems 
 
LEO systems designed for voice and data were examined in additional detail. LEO voice and 
data systems are real-time “cell phone” like systems. They offer medium bandwidth data and 
digital voice via the use of small satellite access phones and terminals. Two types of 
architectures are commonly employed with LEO/MEO Voice and Data systems: ‘Bent Pipe’, or 
‘Switched’ (cross connected). 
 
With a ‘bent pipe’ architecture, the accessed satellite must be in view of a ground station to 
provide real-time data or voice services for users. The satellite complexity (and cost) is reduced 
with this architecture, since no processing of the voice and data signals occur within the satellite. 
True global coverage is difficult to provide, however, because ground station locations are 
selected based on population densities. Globalstar is an example of a ‘bent pipe’ system. 
 
With a switched architecture, access to a single satellite provides real time access to the entire 
network. True global coverage exists. Cross-links between satellites provide this connectivity, 
with the entire satellite network serving as a telephone switch. Fewer gateway ground stations 
are necessary, but at the expense of complex (and more costly) satellites. IRIDIUM is an 
example of a ‘Switched’ architecture. 
 
 

Medium Earth Orbiting (MEO) Satellites 
 
MEO satellites have an orbital altitude between that of LEOs and GEOs (around 6,000 miles). 
MEO systems require a fewer number of satellites for instantaneous global coverage because of 
their larger ‘footprint’ on the earth’s surface when compared to a LEO system. Depending on 
orbital altitude, 6 to 12 satellites are required for global coverage. A well-known example of a 
MEO system is the Global Positioning System (GPS). Teledesic, a planned “Internet-in-the sky-
system”, recently modified their architecture from a LEO based system to a less expensive 
(fewer satellites) MEO architecture. MEO systems incur higher RF path losses than LEO 
systems (greater distances), and require increased RF power for establishing a link, vs. the lower-
orbiting LEO systems. MEO systems typically offer real-time (low latency) high-speed data and 
mobile voice services.  
 
 

Geo-Stationary Satellites 
 
Geo-Stationary (Synchronous) Earth Orbiting (GEO) satellites orbit the earth at an altitude of 
22,000 miles. At this altitude, they match the orbital rotation of the earth and appear to ‘hang’ 
over a given spot over the equator. GEO systems require the fewest number of satellites for 
instantaneous global coverage.  Typically, three satellites are used to provide overlapping global 
coverage. The global coverage descriptor, while usually used when describing GEO systems, is 



 

not entirely accurate. Coverage usually does not extend to the Polar Regions, but is usually 
limited to 60-65 degrees N and S latitudes. 
 
GEO satellites require the most RF power to communicate with, because of their greater path 
losses. The path loss is often compensated for by the use of ‘spot’ beams on the satellites (high-
gain antennas, focused on small global regions). Because of this, many GEO systems are 
regional in nature and unable to be used in a global scenario. GEO satellite usage range from 
wide-band data and telephony services, TV and regional voice and data (cellular like) 
applications.  Because of their altitude, all GEO satellite systems have an inherent latency of 
~0.25 seconds, corresponding to the round trip radio propagation delay. Examples of GEO 
systems include Inmarsat and Intelsat. 
 
 

Elliptical Orbit Satellites 
 
A satellite orbit may be highly eccentric, resulting in an elliptical type orbit. These orbits are 
selected because the satellite system can be designed to provide additional ‘hang’ time over a 
desired geographical region (while the satellite is at orbital apogee, or peak), while providing less 
time over non-desired regions (while the satellite is at orbital perigee, or minimum). Fewer 
satellites are required to provide coverage for desired regions, as compared to LEO systems. 
 
 

Selection of A Candidate Technology 
 

Terrestrial based solutions were rejected primarily because of their LOS limitations (except for 
HF). An HF solution was appealing because of simplified infrastructure, global coverage and 
support by ARINC, but was rejected due to potential high latencies and extremely low 
sustainable data throughput. 
 
GEO satellites were rejected because of low data throughputs and lack of true global (polar) 
coverage. Higher throughputs could be sustainable, but at the expense of more complex directive 
antennas on the vehicle.  
 
No MEO or elliptical system could be identified that could provide both coverage and 
throughput requirements. Teledesic, while very attractive on paper, was discarded due to its 
uncertain architecture and capabilities. 
 
Many LEO systems were rejected due to their usage; ie, Store and Forward operation. The low 
data throughputs and high latencies made them unsuitable for the FSS architecture. The two 
leading candidates, IRIDIUM and Globalstar, were evaluated closely for the FSS application. 
IRIDIUM was selected based on the switched architecture, which affords true global coverage. 
 
 

Requirements Sensitivity Analysis 
 

After the selection of IRIDIUM as the first choice, an analysis, as shown in Figure 3, was 
performed to determine the variability of the solution set to a modification of the requirements.  



 

 
These changes are not necessarily recommended, but serve to show how the solution set may be 
expanded by the changing requirement. 

 
 

IRIDIUM (Background) 
 

IRIDIUM faces a bright future since an investment group bought IRIDIUM. A DOD three-year 
contract was awarded to IRIDIUM, a  $250M contract was awarded to Motorola for the 
production of secure phones, a DOD Secure Gateway has been built, NSA has certified an 
IRIDIUM encryption device, an IRIDIUM data modem was flight tested on an F-16 aircraft and 
numerous other government programs (ONR, Air Force, Navy, et al) are investigating the use of 
IRIDIUM in a variety of applications. 
 
 

IRIDIUM (Technical Description) 
 

The IRIDIUM system is an existing network of 66 low earth-orbit IRIDIUM satellites designed 
to deliver reliable real-time voice, data, paging, and facsimile communications all over the 
planet. Telephone and supervisory links (handset to/from satellite are L-Band (1616 to 1626.5 
Mhz ). Inter-satellite links, and ground segment links are all K-Band (23 to 29 GHz). 
 
Full duplex data rates in excess of 2.4 kbps are supported, with 10 kbps possible when file 
compression is allowed. IRIDIUM uses a ‘switched’ architecture, ensuring true global coverage. 
Access is via a cell-phone like unit with omni-directional antenna, or a data modem unit. The 
heart of the handset (and data modem) is the L-Band Transceiver (LBT), shown in Figure 4. 

 

Figure 3 Requirements Sensitivity 

REQUIREMENT POSSIBLE MODIFICATION (NOT
NECESSARILY RECOMMENDED!)

RESULTS OF RELAXING REQUIREMENT

CONOP-Service independent of
vehicle systems, full duplex
operation.

Link required only for Hazard Control Action.
Safety critical information is captured from C&C
data link.  This is simplex vs duplex operation.

Significantly reduced data throughput, and nature of data, allows
the use of e mail like packet systems (LEO messaging), and
newer GEO services (such as Inmarsat D).  Coverage
requirement would need relaxing as well (for GEO).

Reduced data rates Current requirement is >>2 kbps.  Reduce to
< 200 bps.

Allows usage of some GEO systems, such as Inmarsat areo-L,
with simple omni type antennas.  Coverage requirement would
need relaxing as well.

Coverage GEO systems are not true global (no polar
coverage).  Change to 60 deg N to 60 deg S

Allows use of GEO systems, but only if data rate requirement is
also reduced.

 Limit coverage to regions; ex, Continental U.S.
plus 200 nm offshore.

Would allow use of regional satellite and some terrestrial LOS
systems.  This would result in increased probability of using
existing FSS resources.  Operating among different regions
would be problematic, due to differing interfaces and techniques.

Update Rate Reduce to << 20 updates per second This has same effect as reducing overall data throughput.  See
reduced data rates entry.

Latency Increase allowable latency to >> 10 seconds May allow use of S&F systems, but only if data throughput
requirement is also relaxed.

Antenna Allow for the use of a phased or steerable dish Allows usage of many GEO systems.  Coverage requirements
and terminal complexity may need relaxing as well.



 

The maximum possible data throughput between the handset and the IRIDIUM satellite is a 
function of the TDMA/ARQ protocol. This protocol permits a maximum packet size of 314 bits 
in 90 ms, for a maximum 3488 bps. This is seldom achievable, however. According to IRIDIUM 
engineers, typical rates are 2800-2900 bps.  The advertised 2400 bps rate provides operating 
margin. The rate variation is explained by the ARQ protocol. If errors are detected in any packet, 
the packet will be retransmitted, resulting in an effective decrease of data throughput. 
 
The advertised 10 kbps throughput is achieved by compressing files prior to transmission. The 
effective rate depends on the file’s characteristics. Some data can be compressed significantly, 
while other types cannot be compressed at all. The IRIDIUM file compression is analogous to 
many popular compression programs, such as ‘WinZip’. For command and control data, such as 
the FSS application, significant compression ratios are unlikely. 
 
Establishing a data communications path via IRIDIUM may take several forms: an LBT to LBT 
based system design, with data flowing through a ground station; an LBT to LBT design, 
excluding a ground station; a computer to LBT architecture, using an Internet (or other) link to 
an IRIDIUM gateway system. For FSS, a computer to LBT architecture is desirable and affords 
the best implementation flexibility.  
 
A component of system availability is IRIDIUM’s effectiveness in handing-off calls between 
satellites. According to IRIDIUM engineers, the handoff mechanism is very robust, and operates 
in a similar fashion to cellular telephone handoffs. The LBT continuously monitors Received 
Signal Strength (RSS) of the satellites, and will handoff, seamlessly, at the appropriate time. 
Because of the packet nature of the system, no loss of data occurs in the handoff process. 
 
 

Airborne Transceiver 
 
The concept for the FSS Airborne Transceiver is shown in Figure 5. The unit is conceptually 
similar (from a flight safety perspective) to existing analog-based systems, and consists of a 
Transmitter, Receiver, Controller and GPS Receiver. The FSS Airborne Transceiver will 
conform to current vehicle interfaces. For example, FSS will accommodate existing 
SAFE/ARM/DESTRUCT device interfaces to ensure an easy migration to a full operating 
capability.   
 
New interfaces do exist, naturally, because the FSS architecture provides duplex capability that 
allows for the relay of vehicle TSPI and status, and provides the capability for a backup vehicle 
command link. These capabilities do not exist with current analog systems. An optional GPS 
receiver is included as well, so that FSS may have an independent source of TSPI. 
 
Referring to the conceptual diagram as shown in Figure 5, the Controller accumulates vehicle 
and FSS generated TSPI and combines it with collected vehicle data (vehicle health, SAFE/ARM  

Figure 4 IRIDIUM LBT 



 

 
status) and FSS Airborne Transceiver status. The data is then sent to the FSS Ground Processor 
via the IRIDIUM link. This composite information is referred to as Safety Critical Information. 
 
The FSS Airborne Transceiver receives data from the FSS Ground Processor via the IRIDIUM 
link. This data consists of Hazard Control Action data, and is comprised of flight termination 
commands and an optional backup control capability.  
 
 

Additional Research 
 
Additional research is being conducted to accomplish the following objectives: 
• Confirm that IRIDIUM will satisfy FSS requirements by performing risk reduction activities. 

Performance to be verified include data throughput, data quality, and latency. 
 
• Select an optimum FSS interface technique for accessing service networks. Multiple 

techniques exist for accessing the IRIDIUM network, and these alternate techniques will be 
evaluated, with an emphasis on latency.  These techniques include a “seamless” interface via 
use of the ARINC AviNet/GlobalLink networks. 

 
• Verify the feasibility of the FSS approach and architecture by performing an end-to-end 

demonstration using a UAV, or other available test vehicle. 
 
 

Figure 5 Conceptual Diagram for FSS Airborne Transceiver 
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Conclusions 
 
The Flight Safety System (FSS) research investigated existing and developing technologies for 
expanding the communications channel between the Range Safety Officer and the Vehicle with 
one or more alternatives.  The study considered not only the operational requirement for a 
forward Hazard Control Communication channel (or Flight Safety) but also the requirement for 
the reverse communication channel to provide Safety Critical Information about the vehicle’s 
operation. The specific types of vehicles addressed were Unmanned Air Vehicles (UAV’s) that 
require Over the Horizon (OTH) communication technology to support Flight Safety. In 
addition, the investigation considered the expansion of current operations to include multiple, 
simultaneously active vehicles that will operate outside the range airspace and beyond line-of-
site. Out of 60 potential technology candidates that included both terrestrial and space-based 
solutions, and a subsequent examination of a smaller subset of selected candidate technologies, 
the use of the Iridium satellite system was the recommended choice for FSS. A Flight Safety 
System design was synthesized that satisfied the stated objectives with minimal impact to 
systems that use current analog flight termination techniques. The recommended Iridium-based 
architecture improves the use of radio frequency spectrum by utilizing existing allocated 
commercial spectrum, extends operational volume coverage to global capability, allows for the  
control of multiple simultaneous vehicles, and increased security and resistance to interference.  
The investigation further suggested the integration of the Iridium-based capability within the 
ARINC architecture, providing numerous advantages including a well defined single point 
interface to ARINC, capability to utilize additional ARINC services (for CONUS operation), and 
the potential migration to additional (beyond Flight Safety) functions such as UAV Air Traffic 
Control (ATC). 
 
A current effort is performing additional risk reduction activities, examining the use of ARINC 
as a service provider, and constructing an end-to-end proof of concept demonstration using 
IRIDIUM. Important issues to be resolved during the risk reduction effort include latency 
measurements, assessment of link margins, and determination of system availability under 
varying conditions, data quality, and maximum sustainable data throughputs. 
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ABSTRACT 
 
Next generation flight termination systems (FTSs) will use digital technologies to verify the 
authenticity of range safety commands by command receiver-decoders located on each vehicle.  
This paper will discuss the general principles behind simplex message authentication using a 
block encryption cipher, and presents examples for demonstration.  
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BACKGROUND 
 
Flight termination systems  (FTSs) have been used since the late 1950s to protect the general 
public from unmanned vehicles that leave their controlled airspace.  Current FTSs support a 
variety of different commands including the traditional ARM/TERMINATE sequence, and non-
standard vehicle controlling commands.  The activation of any of these commands overrides the 
vehicle’s primary command link (or command process, as applicable) in such a way as to 
provide for the general safety of the community in the surrounding geographic region in which 
the vehicle is operating. 
 
Recent events have caused the range safety community to assess the security requirements for 
this data link and revise them as necessary1.  The findings of this assessment were that all FTSs 
should provide a reasonable amount of assurance that the link cannot be “spoofed,” or 
improperly commanded by an unauthorized entity.  Authentication is the process of determining 
that the command was sent by an entity from which the receiver is authorized to accept. 
 
There are currently two types of flight termination data links that are in wide use at United States 
Ranges: Inter-Range Instrumentation Group (IRIG) Tone systems and Secure systems.  Each of 
these data links uses sequences of tones over a simplex FM communications link to form their 
                                                 
1 Steven G. Cronk, Maria A. Tobin, and Robert D. Sakahara, “Enhanced Flight Termination Study- Overview and 
Status,” Proceeding on International Telemetering Conference 2001, International Foundation for Telemetering, 
2001, pp. 297-403. 



commands.  The IRIG Tone systems use a rudimentary tone sequencing capability to provide 
responsive control for up to five simultaneous vehicles.  The Secure system uses a very large 
number of tone combinations such that it is very difficult to guess the pattern that the vehicle is 
expecting for any specific command.  However, other attributes of the Secure data link (e.g. 
number of vehicles supported in flight) lead to the implementation of a data link that supports 
security.  An optimum system would provide this security and the attributes of the existing IRIG 
Tone systems that allow it to support multiple vehicles missions.  
 
A major attribute of existing FTS architectures is that they use a simplex communications link.  
The command is sent from the transmitter to the vehicle with a one-way communications link.  
While most vehicles provide informational feedback about this link via telemetry, this feedback 
is not required for flight termination commands to be carried out on the vehicle.  This is done 
because Range Safety components are generally required to be designed and tested to 
environmental requirements exceeding those of the rest of the components on the vehicle.  In this 
way, the flight termination system is expected to work when all else fails on the vehicle.  
However, this adds both a technical and economic burden on the manufacturers of these 
components.  Thus, future flight termination systems will most likely use a simplex 
communications link. 
 
This paper discusses the implementation of a digital command link with commercial-off-the-
shelf (COTS) encryption algorithms to provide greater flexibility in commanding the vehicle, 
while still providing a large degree of command authentication. 
 

 
BLOCK ENCRYPTION BASICS 

 
Encryption can be seen as a method of scrambling information in order to hide it.  The methods 
used to hide the information make it difficult for an unauthorized entity to gain access to it, and 
easy for an authorized user to decode the information into its original form.  The encryption 
‘key’ is the secret shared by all authorized entities; it allows them to properly encrypt and 
decrypt messages.  Since authorized senders and receivers are the only ones that know the “key,” 
decryption by an unauthorized entity is difficult.  The same is true for unauthorized senders, or 
‘spoofers,’ of the message.   
 
Block encryption or block cipher2 encryption is a type of encryption where there is a one-to-one 
mapping between an unencrypted group of bits and an encrypted group of bits.  For any specific 
code-key a specific unencrypted message will always result in the same encrypted message.  
This is true during both the encryption process and during the decryption process.  Furthermore, 
the algorithms presented in this paper contain the same amount of unencrypted message bits as 
encrypted message bits.  Therefore, the encrypted and unencrypted data streams have the same 
bit rate.  These attributes are depicted by an example in Figure 1.0.  This also means that any 
input to the receiver will cause an output.  Determining whether this output is a valid message is 
the primary purpose of the authentication mechanism discussed herein.  
                                                 
2 Bruce Schneider, Applied Cryptography, Second Edition: protocols, algorithms, and source code in C, John Wiley 
& Sons, Inc, 1996, p.189. 



 

 
Another attribute of any practical form of block encryption is its ability to diffuse3 the 
information.  That is, the bits should appear to be random when in the encrypted state.  
Therefore, a change of one bit in the unencrypted state can cause the change in all the bits in the 
encrypted state, and vice-versa.  On the average, a change in one unencrypted bit will cause a 
change in 50 percent of the encrypted bits.  
 
 

MESSAGE AUTHENTICATION 
 
Since a receiver with a decryption circuit will decrypt any block of bits to an unencrypted block, 
an authentication process will be employed to assure the transmitting authority of the message.  
This is done by fixing a number of bits to known or expected values in fields in the unencrypted 
message format.  If the encrypted message contains those fields as expected, the probability that 
the message is in its original form can be determined through simple math.  The number of fixed 
fields in the message is directly related to the certainty that the message is in its original form.  
However, since these bits must be fixed or expected, the amount of data sent in this packet is 
inversely related to the length of the expected bits.  The derivation of this certainty will be 
described by example and extrapolation: 
 

Given the following system: 
 
1. Message is a 5-bit unencrypted word broken up into the following fields. 
 

Bit 0 is always 1 
Bit 1 is always 0 
Bits 3-2 are random data [4 values] 
Bit 4 is unused [don’t care] 

 
                                                 
3 H.X Mel and Doris Baker, Cryptography Decrypted, Addison-Wesley, 2000, p. 29. 
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2. Given a mapping of block encryption scheme as follows: 
 
Note: The bits are aligned by position 43210. 
 

Message – Encrypted Message – Encrypted Message – Encrypted Message – Encrypted 
00000 -10000 01000 -10110 10000 -01111 11000 -11010 
00001 -00000 01001 -00001 10001 -10111 11001 -11011 
00010 -00111 01010 -01000 10010 -01100 11010 -11110 
00011 -10001 01011 -00010 10011 -00100 11011 -00101 
00100 -10010 01100 -10101 10100 -11000 11100 -01101 
00101 -10011 01101 -01001 10101 -00011 11101 -11111 
00110 -10100 01110 -01010 10110 -01110 11110 -00110 
00111 -11001 01111 -01011 10111 -11100 11111 -11101 

 
3. Note that only eight different values would be sent, those with the suffix 01.  
Therefore, if any of the bits are changed in transit there is a probability that it 
would not be authenticated at the receiver.  If the message 00001 is to be sent, it 
is encrypted to 00000.  If a bit error occurs and it is received as 01000 the receiver 
will decrypt the value to 10110, which is not a valid message because the 01 
suffix does not exist in it.  That is why this type of authentication can be seen as a 
form of error detection. 
 
4. Also note, that because the ‘4’ position is a ‘don’t care’ that there are eight 
values that can be accepted, while there are only four unique commands: Message 
00001 and 10001 are authenticated as the same command. 

 
5. Note also that if someone is trying to guess a correct value by placing random 
data into the receiver, there are only 8 of 32 values that are acceptable.  This is 
because all values that have the 01 suffix are acceptable in this situation. This 
information can be extrapolated to the following formulae. 

 
 



 
For our example above: 

 
• From (2), the Probability of guessing any command = 1 / 22 = 1 chance in 4.  
• From (3), the probability of guessing a specific command = 1 / 22+2 = 1 chance in 

16. 
 
These probabilities are very high for our example, but as we increase the number of fixed or 
expected bits, the probabilities become quite low. A 64-bit encrypted packet containing 40 bits 
of fixed or expected values and a 6-bit command field would yield a probability of 1 chance in 
240 (= 1.1 x 1012) tries that a randomly generated command would be authenticated as any 
message, and 1 chance in 246 (= 7.0 x 1013) to guess a specific command (e.g. ARM).  In real 
world terms, this would equate to an average of 1 correctly guessed command every 697 years, 
for a system that sent 50 messages per second.  Each specific command would be guessed every 
44,600 years on average. 
  
 

REDUNDANCY IN AUTHENTICATION FIELDS 
 
There are situations where the fixed or authenticated bits are separated into fields.  For cases 
where multiple values are acceptable for a field, the impact of the fixed or expected bit length 
variable will be diminished in the equations above.  The amount that the variable will be 
diminished using the equation: 

 

The probability of guessing a specific command= Pspecific 

The probability of guessing any acceptable command= Pany 

Given: 
n = Message bit length [e.g., 5 bits] 
k = fixed or expected bit length [e.g., 2] 
m = command bit length [e.g., 2] 
r = redundant bit length = n-(k+m) [e.g., 1] 

2m 

Total Messages 

(3)

= 
2n-k

2n 
2n-k-n = 

1 

2k 
= 

(2)

Unique Commands 

Pany 
= 

Total Valid Commands = 2m+r (1)2m+n-k-m 2n-k 2(cmd len+ rdt len)  = = = 

= 

1 

2k 
2k+m 

1 

Total Valid Commands 



 
 

For example, assume the 64-bit system described above with 40 fixed or expected bits is divided 
into fields such as Vehicle ID and Transmitter ID.  Assume that the receiver/decoder will accept 
only one Vehicle ID, but any of four unique Transmitter IDs.  The effective k for this example is   
40-log2(4) = 38.  A receiver decoder that accepted five unique Transmitter IDs would have an 
effective k of 40-log2(5)= 37.68.  The probability of randomly guessing any command for such a 
system would be: 

From (2) above:  1/237.68= 1 chance in 2.2 x 1011 
 
 

RECORD AND REPLAY ATTACK 
 
Encrypting and authenticating do not mitigate the ability of an unauthorized entity from 
recording a command and replaying the command at an inopportune time.  (For example, a 
“Terminate” command could be recorded during pre-flight checks, then played back during 
actual launch.)  Therefore, many systems employ a message numbering scheme that 
synchronizes the sender and receiver.  For this application, an appropriate message numbering 
scheme includes a command counter, and ‘greater-than or equal to’ authentication.   
 
The process works as follows.  The system uses a combination of both the fixed or expected bits 
and an additional field that contains a command counter value.  Each time a different command 
is sent, the transmitter’s command counter is incremented.  The receiver authenticates the 
command based on the fixed or expected bits, and then determines if the command counter value 
received is ‘equal to or greater than’ the value of the last authenticated message.  If the value is 
‘greater-than or equal to’ the previous value, the command is authenticated.  The receiver stores 
the last authenticated command counter value.  To clarify this approach, the transmitter’s counter 
is only incremented when a new command is sent, not on each subsequent frame.   Thus, large 
counter values are not necessary unless a large number of unique commands will be sent. 
 
 

CONCLUSIONS 
 
Digital flight termination systems that use block encryption can authenticate the sender of the 
message thus providing mitigation to random attacks and errors in the transmission medium.  
The protection this approach provides can be calculated using simple math, and is related 
directly to the size of the authentication fields, while taking into account any intrinsic 
redundancies in those fields. 

 k’=k- Log2(Acceptable Values) 
 

Where 
k’ = effective k due to redundancy in authentication. 
 

(4) 
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ABSTRACT

This paperinvestigatesthespectralpropertiesandthebit error rate(BER) performanceof enhanced
FQPSK(EFQPSK)and constrainedenvelopemodulation(CEM) techniques.Both the techniques
arefound to provide goodspectralefficiencies.The EFQPSKsignalsarefound to generatespectral
lines for unbalanceddata. An analyticalspectralstudy for the spectrallines is presented.While
the performanceof CEM techniqueshasbeenpresentedin [6] for an ideal nonlinearamplifier, we
presentresultsfor morerealisticamplifierswith AM/AM andAM/PM effects. It is shown thatsuch
anamplifiergeneratesspectralregrowth anda predistorteris requiredto reducetheadverseeffects.A
BER performancestudywith/withoutchannelcodingis alsopresentedfor thetwo techniques.

KEY WORDS

EFQPSK,BandwidthEfficientModulation,NonlinearAmplifier, andConstantEnvelopeModulation.

INTRODUCTION

Due to the growing demandon high datarate transmissionsin the faceof decreasingfrequency al-
locations,bandwidthefficient modulationtechniqueshave received considerableattentionin recent
times. Both linear and nonlinearmodulationtechniqueshave beenextensively investigatedin the
literature. While linearly modulatedsignalsarehighly bandwidthefficient in linear channels,their
spectralefficiency degradessignificantlywhenpower efficient nonlinearamplifiersareused.A non-
linearly modulatedsignal,suchasthe GaussianMinimum Shift Keying (GMSK), canpassthrough
nonlinearamplifierswithout spectrumregenerationandperformancedegradation.However, its spec-
trum efficiency is low. Therefore,a largenumberof techniqueshave beendevelopedin recenttimes
to achieve betterspectrumutilization, yet with little performancedegradationundernonlinearampli-
fication. The EnhancedFeher-PatentedQuadraturePhase-Shift-Keying (EFQPSK)andconstrained
envelopemodulationfor linearlymodulatedsignalsaretwo suchtechniques.

EFQPSK[1] [2] is anenhancedversionof Feher’s QPSK[3]. This techniqueemphasizeson symbol
by symbolrepresentationof thecrosscorrelationoperation.As a result,insteadof thecrosscorrelator
of the conventionalFQPSK,the EFQPSKcanbe describeddirectly in termsof datatransitionson
the in-phase(I) andquadrature(Q) channels.The EFQPSKalso improvesuponthe smoothnessof
themodulatingwaveforms,thusimproving thepower spectraldensityroll off. Further, theBER per-
formancehasalsobeensignificantlyimprovedby exploiting thecorrelationinherentin themodulation.

Thiswork wassupportedby theNationalAeronauticsandSpaceAdministration(NASA) underGrantNAG 5-9323
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�

CEM techniquehasbeeninvestigatedby several authors[4], [5], [6], [7]. In this technique,a
band-limitedcorrectingfunctionis addedto a linearly modulatedsignalin orderto constrainits enve-
lopefluctuations.This correctionsignallimits thesignalvaluesat theperiodicallyselectedpositions.
However, it causesthesignalto exceedtheamplitudethresholdatotherpositions.TheCEM technique
hasbeenappliedto orthogonalfrequency divisionmultiplexing (OFDM) in [4], [5]. In [6] and[7], it is
usedfor conventionalPSKandAPSK signals,andit is shown that theback-off level of thenonlinear
amplifiercanbereduced,thusobtainingefficientamplificationwithoutsacrificingthespectralquality.

In this paper, we investigatethespectralpropertiesandtheBER performanceof EFQPSKandCEM
techniques.Both balancedandunbalanceddataareconsidered.It is observed thatEFQPSKsignals
generatespectrallines for unbalanceddata. An analyticalspectralstudyfor thespectrallines is pre-
sented.While the performanceof CEM techniqueshasbeenpresentedin [6] for an ideal nonlinear
amplifier, we presentresultsfor morerealisticamplifierswith AM/AM andAM/PM effects [8]. It
is shown thatsuchanamplifiergeneratesspectralregrowth for CEM techniquesanda predistorteris
required.A BERperformancestudywith/without channelcodingis presentedfor thetwo techniques.

SYSTEM MODEL

Enhanced FQPSK Modulation: Thebasebandsignalis constructedusingeightwaveforms �������	��
���� ��� , describedin [1]. Eachwaveform �������	� occupiesonly onesymbolinterval. So,in every symbol
interval, onewaveformis chosenfor theI channelandanotherwaveformis chosenfor theQ channel.
Theselectionof anI/Q waveformdependsonthemostrecentdatatransitiononthatchannelaswell as
two mostrecentsuccessive transitionson theotherchannel.TheI channelbasebandwaveform �������	�
duringthe � -th signalinginterval ������� �"!"��#$���%�&�'�)(*�+�,!"��# is givenby �������	�.-0/1�2 3��546���7�8�9#:� ,
where/1�;2 3 is the � -th I channelbit ( <=� ), andthewaveformidentificationnumber> is obtainedas>?-A@CBEDF�G/1�2 3H�I/1�2 3KJML�	�"!ND�(O!�BEDF�G/9PQ2 3KJMLR�I/9PQ2 3KJ9S;�	�"!NDK(TDU�G/9PQ2 3V�W/9PQ2 3KJML	�X�"!ND (1)

Similarly, the Q channelbasebandwaveform �NPY���	� during the � -th signaling interval �9# � �W����)(*�+��# is givenby �NPY���	�Y-*/9PQ2 3��5Z[���7�8�9#:� , where\ is obtainedas\]-*@^BEDF�G/9PQ2 3H�I/9PQ2 3KJML�X�,!ND�(E!=BODF�G/1�2 3H�W/1�2 3KJMLX�	�"!NDK(_DF�G/1�2 3;`�LR�W/1�2 35�	�"!ND (2)

Theoverallcomplex envelopeof thetransmittedsignal �7���	� is�7���	�Y-$a � /1�;2 ����46���R� � #:�b(dcHa � /9PQ2 ����Z[���e( # ! � � #:� (3)

where ��46���	� and �5Z[���	� have supportonly over fF�g#g�"!h
	#g�"!�i . Thereceivedsignalis passedthrougha
noiselimiting filter andsampledat the rateof j samplesper symbol interval. Note that �7���	� is not
a strictly bandlimitedsignal,and therefore,j mustbe large enoughso that the Nyquist criterion is
satisfiedwith respectto a modifiedbandwidthdefinition(say, -60 dB). Theeffectsof j is investigated
in [10], whereit is foundthattheoptimalreceiver’s performanceis not degradeddueto thesampling
rate.However, suboptimalreceiversmaybeseriouslyaffectedif a low samplingrateis employed.

Constrained Envelope Modulation (CEM): TheCEM signalis generatedby first obtainingabaseband
equivalentlinearlymodulatedsignal �5k ���	� as�5k+���	�l- ma�UnoJ m /p�rqs���R� � #6� (4)



wheret u+/p�wv is thesequenceof x -ary symbols,qs���	� is a pulse-spreadingfilter, # is thesymbolperiod,
and ��!,yz({� � is the total numberof symbolstransmitted.The transmitfilter, in our study, is a root
raisedcosine(RRC)filter with a roll-off, | , ���}|*�~� . Therefore,thebandwidthof qs���	� is limited
to D���D6� ����({|��X�,!�# . Thus, discretetime samplesat the Nyquist rate and above can adequately
describethe signal �5k+���	� . In [7], a samplingrate j�-�! is considered.For a generalinteger j , the
samplescanbe divided into j subchannels,so that the subchannel� , �W�����?j��{� , containsthe
samplesu�� k5�'�9#N����
��5k5�	�'�g(�j,��#N����
��5k �X���%(�!�j,��#N����
5� � �rv , where#o�V-�#g��j . As shown in Fig. 1, all signal
samplesat theoutputof thesymbolfiltering unit passthrougha delayunit on way to thecombiner.
The subchannelsamplesare,however, processedandappropriatelyfiltered in orderto constrainthe
amplitudesat thecombineroutput.Consideringthesubchannel0, the

�
th sampleis�5k+� � #:�l-&� � �5(8/p��JML�qs��#6�Q(8/p�rqs�G�p�b(8/p�U`�LGq����g#6�b(A� � � (5)

Sinceqs���"� is thelargestmagnitudeof thefilter (e.g.,RRC)samples,themostsignificantcontribution
to �5k � � #:� comesfrom /p��qs�G�p� . Theremainingtermsin (5) areindividually small. However, depending
on the symbols,they may all addup in correctphaseto producea large magnitudesample �5k � � #:�
requiringlargertrasmitterpower. To reducethis increasedpowerrequirement,aconstrainedgenerator
is usedasshown in Fig. 1. Eachsample,� k5� � #6� , from the outputof filter qs���	� at point A is fed to
the constrained-envelopegeneratorfor subchannel0, andthe magnitudeof the sample, D��5k5� � #:� D , is
comparedto the thresholdvalue �1�'q����p� , where �1� is the largestmagnitudeof a signalpoint in the
constellationdiagram.If D��5k5� � #:� Db���1�'qs���"� thenthediscriminatoroutputis madezero. However, if
thesignalmagnitudeD�� k5� � #6� D exceedsthethreshold�1�'qs�G�p� , thenthediscriminatoroutputgeneratesan
errorsignalsample�5�X2 � as �5�X2 �Q-$�5k � � #:� � D��5k � � #:�+D5�W�9��qs���p�D��5k5� � #:�+D qs���"� � (6)

This complex errorsequenceis passedthroughthebandlimitedpulse-spreadingfilter qs���	� to generate
theconstrainedbandwidtherrorsignalfor subchannel0,��� ��� ���	�Y-�a � �5�X2 ��q������ � #:� (7)

Thiserrorsignalis combinedwith �5k ���	� , resultingin � � ��� ���	�Y-$�5k ���	�N�]� � ��� ���	� , sothatthe
�
-th sampleis��� ��� � � #:�l-��5k � � #:�R�8� k5� � #6� � D��5k � � #:�+D+�I�1�'qs�G�p�D��5k � � #:�+D � -��5k � � #:� � �1�'qs�G�p�D��5k � � #:�+D�� (8)

Thusthemagnitudeof thecombinedsignalsample� � ��� � � #:� is reducedto �1�'q����p� . Similarly, consider-
ing subchannel� , ����� , the

�
-th sampleat theoutputof thesymbolfilter is�5k+�	�'�)( � j"��#o�;�l-&� � � (�/1��JML�qs�X����(�j"��#o�;�b(8/p��q��'�9#N���b(�/1�F`�L�qs�X���=�Wj,��#N��b(*� � � (9)

Theerrorsamplesfor subchannel� arethenobtainedas�53K2 �o-��5k �	�'�)( � j"��#o�;� � D��5k �	�'�)( � j"��#o�;�+D+�W�1�'qs�G�p�D��5k �X���)( � j,��#N��� D qs�G�p� � (10)

Thiserrorsequencegeneratestheconstrainedbandwidtherrorsignal � � 3�� ���	�Y-�� � �53K2 ��q��������'��( � j"��#o�� .
Thecombineroutput,dueto symbolfiltering andsubchannelprocessing,becomesaCEM signal�7���	�Y-$�5k ���	��� �XJMLa3;n[� ��� 3�� ���	��- ma�UnoJ m /p�rqs���R� � #:�l� �XJMLa3;n[� ma�UnoJ m �53K2 � qs���R�A�'��( � j"��#o�;� (11)
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Fig. 1. Block diagramshowing CEM generation

Notethatthedelayunit in thefigureensurescorrecttiming at thecombiner.

SPECTRAL PROPERTIES

Enhanced FQPSK: TheEFQPSKsignalcanbedescribedby�7���	�.-0a �¢¡ ���7� � #¤£X/1�'
¥[�G� (12)

where u+/p�'v is thesequenceof sourcesymbolsand u+¥[�'v is a sequenceof randomvariables,denoting
the statesof the modulator. In fact, EFQPSKis representedby a modulatorwith 16 statesandfour
input symbols,denotedby theI andQ pair ���h
;�p� , ���M
��+� , ���"
;�p� , ���,
5�+� . Thewaveforms¡ ����£/p�w
X¥[��� take
valuesfrom a setof deterministic,finite energy signals,comprisingof �������	� , �¦� � �§� , asdescribed
in (3). Thepowerspectrumof suchdigital signalsis [9]¨o© �'�Q�l- �# ªa« noJ ª

f�¬ « �'�Q�R�W¬ ª ���e��i�� J�	Sw®5¯ «�° ( �# S ¬ ª �'�Q� ªa« noJ ª
± �'�²�´³# � (13)

where¬ « ���e�Y-0µ¶fr·¸�'�s£/p�U` « 
¥[�U` « �;·:¹+�'�s£/p�w
¥[�G��i , and ·¸�'�7£X/1�w
¥[��� is theFouriertransformof ¡ ����£/p�w
X¥[��� .Theterm ¬ ª �'�e� is definedby¬ ª �'�e�Y-?º�»�¼«�½ ª ¬ « �'�e�l-¾D�µ²f�·¸�'�7£X/1�'
¥[����i	D S
Thefirst termin (13)is line-freesincethemodulatormemoryis shortand,therefore,¬ « �'�Q�K�6¬ ª �'�e�l¿� rapidly as ³ ¿ À . This continouspart of thespectrumis studiedin [1]. In this paper, our analy-
sis focusesonly on the line spectrumdescribedby the secondterm in (13). The averagespectrumµ¶fr·¸���7£/p��
¥Á3���i canbeexpressedas

µ²f�·¸�'�7£X/1�'
¥Á3 ��io- L'Âa3;n[��Ãa�Fn[�ÁÄ f�¥Á3Ki�·¸�'�7£X/1�'
¥Á3 � Ä f�/p��i
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Fig. 2. Spectraof EFQPSK.The TWT operatesat 0 dB backoff. The figure shows that the effectsof the TWT on the
spectrumarenegligible.
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Fig. 3. Spectraof EFQPSKfor unbalanceddata(with +1 occuringÅ�Æ�Ç and-1 occuring È�Æ5Ç ). TheDC line is ignoredin
plotting theSFCGmask.

Thespectrum·=���7£/p�w
X¥Á3 � for eachstateandeachincomingsymbolis obtainedby takingtheFourier
transformof thecorrespondingwaveform. Ä fU� i denotesprobability.

Figures2 and3 show thesimulatedEFQPSKspectrafor balancedandunbalanceddatarespectively.
Thespacefrequency co-ordinationgroup(SFCG)spectralmaskis alsoshown. The spectrumis ob-
servedto bewell within themaskin thebalanceddatacase.However, strongspectrallinesareobserved
in the caseof unbalanceddata. The simulatedstrengthsof the spectrallines arecomparedwith the
analyticalresultsin Table1. A normalizationfactoris assumedin theanalyticalresults.

Constrained Envelope Modulation: Thesimulatedspectraof CEM signalswith QPSKmodulationare
shown in Figs.4, 5, 6 and7. Figure4 shows that thespectralregrowth is not severefor CEM signals
if the TWT model is an ideal clipper. This is a significantimprovementover conventionalQPSK
without constrainedenvelopeprocessing,and it agreeswell with the observationsin [6]. Figure5
shows CEM spectrafor a more realistic TWT model with both AM/AM andAM/PM effects, and



Probabilityof Relativestrength Relativestrength
a bit being at zerofrequency (dB) at ��-_�+�"!�#oÉ (dB)

a+1 Analysis Simulation Analysis Simulation
0.45 +15.0 +16.0 -10.0 -10.0
0.40 +21.0 +21.0 -4.0 -4.0
0.35 +24.0 +25.0 -1.0 -0.5
0.30 +27.0 +30.0 +1.0 0.0
0.25 +29.0 +30.0 +2.0 +0.5
0.20 +30.0 +32.0 +2.0 +0.0

TABLE I

Spectrallinesfor unbalanceddata.Therelativestrengthmeasuresstrengthswith respectto thespectrumlevel at zero

frequency for balanceddata.
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Fig. 4. Spectraof QPSKCEM with RRCfiltering (roll-off factor=0.12).TheTWT is anidealclipper.

severespectralregrowth is observedevenwith a 4 dB input backoff (IBO). SinceCEM signalshows
goodspectralpropertieswith anidealclipper, a naturalchoicefor improving its spectralpropertiesis
to usea predistorter. In this paper, thepredistortermodeldescribedin [11] is used.Thecombination
of thepredistorterandtheTWT producesanapproximateclippercharacteristics.Thespectrumasa
resultbecomesmuchmorecompactasshown in Fig. 6. Even for 0 dB input backoff, a comparison
with Fig. 5 shows thatthepredistorterhasimproveduponthespectrumasshown in Fig. 7.

BIT ERROR RATE PERFORMANCE

Enhanced FQPSK: Dif ferent receiver structuresfor EFQPSKsignalshave beenconsideredin [10].
The optimal receiver structureusesthe Viterbi Algorithm (VA) with 16 states. Eachstate ��/9�2 3KJML�
/1�2 3�
M/9PQ2 3KJ9S�
9/9Pe2 3�JML� represents4 bits consistingof two I channelbits, /1�2 3KJML , /1�2 3 , andtwo Q chan-
nel bits, /9PQ2 3KJ9S , /9Pe2 3�JML . The transitionfrom state ¥ « -Ê��/1�;2 3�J9S�
/1�2 3KJML�
X/hPQ2 3KJ Ã 
/9PQ2 3KJ9S;� to state ¥pË¦-��/1�;2 3�JML�
/1�2 3�
X/hPQ2 3KJ9SK
/9PQ2 3KJMLX� is associatedwith thebranchmetricÌ �G¥ « 
¥pËp
;�[�l-ÍD�D Îb�2 3H�I/1�2 3�Ï�4¤D�D S (_D�D Î�PQ2 3H�I/9PQ2 3KÏKZoD�D S
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Fig. 5. Spectraof QPSKCEM with RRCfiltering (roll-off factor=0.12)whena morerealisticTWT modelis used.
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Fig. 6. Spectraof QPSKCEM with RRCfiltering (roll-off factor=0.12).A morerealisticTWT modelanda predistorter
areused.

wherethewaveformidentificationnumbers> and \ areobtainedfrom (1) and(2) respectively, andD�D���D�D denotesEuclideannorm. Thevector Îb�2 3Ð-�/1�;2 3KÏK�[(EÑ�� , wherethevector ÏK� consistsof samples
of �������	� , and Ñ�� is theinphasenoisesamplevector. Whena convolutionalcodeof constraintlength Ò
is used,a joint detectoranddecoderimplementationrequires!,Ó `[S states.In this case,eachstateis
associatedwith 6 encoderoutputchannelbits. A statetransitionprovides2 additionalbits. Therefore,
eachstatetransitionprovides8 channelbits. Thesebits determinethewaveformnumbers(1) and(2),
whichareusedin thecalculationof thebranchmetric.

A suboptimalreceiver structurecanberealizedusinglinearfilters. Let Ô bea linearfilter of j taps.
Considerthe detectionof the I channelbit using this filter. Let the input signalvector to the filter
while detectingthe � -th bit be denotedby Îb�2 3 . This vectoris of the form, Îb�2 3^-Õ/1�2 3KÏK�o(*Ñ�� . The
mean-squarederror(MSE)at theoutputof thefilter is Ö×-$µ^uÁD Ô ° ��/9�2 3KÏK�h(OÑ��K�R�I/1�2 39D S v . Takingthe
derivativeof Ö with respectto Ô andsettingit to zero,theoptimal(Wiener)MMSE filter isÔ^kØË;Ùb-0Ú JMLÛÏ (14)
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Fig. 8. BERperformanceof uncodedEFQPSKwith andwithouta nonlinearamplifier.

where ÚÜ-~���+�,Ýp�Á�ßÞ�Un[� ÏK��Ï ° � (6¥ SZ�à , µ^u�Ñ���Ñ ° � v=-{¥ SZ�à , and
ÛÏ¤-~���+�,Ý"�Á��Þ�Fn[� Ï�� . Thesameoptimalfilter

is usedfor detectingboth the I andQ channelsymbols/9�2 3 and /9Pe2 3 usingthe input vector Îb�2 3 andÎbPe2 3 respectively. Notethat,atvery low SNR, ÚÕá$¥ SZ à , andthen,Ô^kØË;Ùeá$¥ J9SZ ÛÏ , which is theaveraged
matchedfilter receiver discussedin [2]. Note that theperformanceof theabove linear filters canbe
slightly improved by using8 parallelmatchedfilters, eachcorrespondingto oneof the waveformsÏ��w
;��� � �*� . Thisstructureis calledthePer-WaveformMatchedFilter (PWMF) receiver [10].

The BER performancefor uncodedEFQPSKis shown in Fig. 8. The performancedegradationdue
to theTWT is foundto benegligible in theSNRrangeshown. TheTWT is operatedwith 0 dB IBO.
Thetrellis codedViterbi receiver’s performanceagreeswith similar resultsreportedin [2]. However,
theaveragematchedfilter (MF) receiver’s performancedoesnot agreewith thecorrespondingresults
in [2]. At high SNR,the performancegapamongthe receiversincreases.Convolutional codeswithÒâ-}� , rate1/2 with generatorsã"Lä-?���"�"�"�5�"�M�+� and ã�S6-?��� �M�"� �h�"�+� areusedin thestudy(Fig. 9) .
Codingis foundto provideagainof morethan4.5dB at aBER of � � J Ã for theoptimalstructure.
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Constrained Envelope Modulation: The BER performancefor uncodedand codedCEM signalsis
shown in Fig. 10. An MF receiver, a TWT at 0 dB IBO anda predistorterareused.Thefigureshows
that theuseof theTWT resultsin morethan1 dB loss. Note thata TWT actuallyamplifiesaninput
signalandsothedegradationin usingtheTWT shouldbeseenasa lossin comparisonwith anideal
perfectlylinearamplifier. Codingis foundto providemorethan6 dB improvementat aBER of � � J1å .
A BER performancecomparisonof EFQPSKandCEM QPSKis shown in Fig. 11. Thedatarateand
theTWT IBO (0 dB) aresamefor boththetechniques.Thusthespectralefficiency of CEM is worse
thanthatof EFQPSKin this case(Figs.2 and7). TheEFQPSKusestheoptimal receiver while the
CEM usesanMF receiver. AlthoughEFQPSKusesanoptimalreceiver, it canbeimplementedeasily,
andits complexity in thecodedcaseis still not toohighcomparedto theCEM/MF receiver. Thefigure
showsthatcodedEFQPSKgainsabout2 dB overcodedCEM nearaBER of � � J1å .

CONCLUSIONS

EFQPSKandCEM signalsarestudied.Theadvantagesof EFQPSKinclude1) Negligible degradation
dueto nonlinearitiesin a TWT. 2) Easily implementableoptimal receiver structure,providing high
power efficiency. Thedisadvantagesof EFQPSKinclude1) Sensitivity to unbalanceddata,resulting
in spectrallines. 2) Spectralefficiency with a linear amplifier is poorerthan conventionalQPSK.
Theadvantagesof CEM signalsinclude1) Insensitivity to unbalanceddata,excepta zerofrequency
DC line generation.2) High spectralefficiency in conjunctionwith a predistorter. Moreover, higher
ordermodulationcanbeusedto improve spectralefficiency, albeit sacrificingpower efficiency. The
disadvantagesof CEM include 1) Unknown power normalizationfactor. 2) Considerablespectral
regrowth dueto aTWT amplifier. Performancecandegradedueto poorpredistorterimplementation.
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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 for two variants, defined as SOQPSK-A 
and –B, have previously been presented.  However, it remains to be seen whether or not 
even more attractive choices exist.  This paper explores the bandwidth and power 
efficiency trade-offs of the entire SOQPSK family using computer simulations and 
analytical performance bounds. 
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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.  Performance results for two variants, namely SOQPSK-A and –B, 
were presented.  In addition to Hill’s paper, analytical performance bounds of the optimal 
detector for SOQPSK have been published [2] as well as performance results using 
integrate and dump and third order Butterworth detection filters that are representative of 
current NASA ground and space OQPSK demodulator equipment [3].  Although the 
performance of the two variants is very impressive, it is unknown whether or not they are 
the ‘best’ in this family of waveforms.  The objective of this paper is to investigate the 
power and bandwidth efficiency trade-offs attainable with Hill’s SOQPSK family of 
waveforms.  Computer simulations and analytical bounds were used to explore the 
bandwidth and detection efficiency of individual members as specified by the quadruplet 
(ρ, B, T1, and T2).  The results illustrate possible combinations of power and spectral 
efficiency attainable from this family of waveforms.  

 



DESCRIPTION OF SOQPSK 
 
The SOQPSK waveforms described by Hill 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 two variants of SOQPSK, which are called SOQPSK-A 
and SOQPSK-B, are given by g(t) = n(t) * w(t), where 
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Note that Ts is the symbol period and 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 these 
SOQPSK variants are listed in Table 1 and the resulting pulse shapes and spectra are 
plotted in Figures 2 and 3.  For comparison purposes, 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.   
 

Modulation Type ρ B T1 T2 
MIL-STD-188-182 0 0 0.25 0 

SOQPSK-A 1.0 1.35 1.4 0.6 
SOQPSK-B 0.5 1.45 2.8 1.2 

 
Table 1. SOQPSK Parameters 
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BANDWIDTH AND POWER EFFICIENCY CALCULATIONS 
 
For each candidate, a measure of its power and bandwidth efficiency was computed.  The 
bandwidth measurement was defined as the amount of bandwidth required to contain a 
certain percentage of the total signal power.  For example, the 99% bandwidth is defined 
as the amount of spectrum required to include 99% of the total power in the signal and is 
equal to the –20 dB point of the fractional out-of-band power.  In addition to the 99% 
bandwidth, the 99.9%, 99.99%, and 99.999% bandwidths were also calculated using the 
following equation. 
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2/  where the B is normalized to the bit rate and S(f) is the PSD. 

 
The detection performance was evaluated using three detectors.  The first detector is the 
optimum receiver for SOQPSK using the Viterbi algorithm.  The detection performance 
was determined by using an analytical performance bound.  It was determined from [2] 
that by computing the Euclidean distance for the difference sequence [-1 0 1] and [1 2 1] 
a very accurate performance bound could be constructed that agreed extremely well with 
Monte Carlo simulation results.  The bound that was used to compute the bit error 
probability (BEP) at 10-5 for each candidate is shown below.  
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The detection performance of each candidate was also evaluated using traditional linear 
detectors that sample the output of a linear filter and use a threshold test to make the data 
decision.  Two types of filters were used, an integrate and dump and a third order 



Butterworth filter with a 3 dB cutoff frequency equal to the bit rate.  These detection 
filters are representative of conventional OQPSK space and ground demodulator 
equipment used by NASA [3].  The BEP for the linear filters was computed analytically 
using the noise-free peak samples out of the detector and the calculated noise variance at 
the filter output. 
 
Using these performance measures, the SOQPSK family of waveforms was explored over 
its multi-dimensional parametric range specified by the four parameters (ρ, B, T1, and 
T2).  A block diagram of the evaluation procedure is shown in Figure 4. 
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Figure 4. SOQPSK evaluation procedure  
 
 

SOQPSK RESULTS 
 

First, a coarse sampling of the parameter space was performed to gain an understanding 
of how the parameters affected the SOQPSK performance.  As results were compiled and 
analyzed, finer sampling was performed in promising areas.  Figures 5,6,7,and 8 illustrate 
the detection efficiency in terms of Eb/No required to achieve 10-5 BEP and the 
99,99.9,99.99, and 99.999% bandwidth requirements with a non-linear amplifier for a 
Viterbi, Butterworth, and Integrate and Dump detector.  Each dot represents the 
performance of a single SOQPSK variant defined by the quadruplet (ρ, B, T1, and T2).  
Note that the optimal Viterbi detector performs the best (lowest Eb/No for the same 
bandwidth) followed by the Butterworth and the integrate and dump filter.  In fact, there 
are SOQPSK variants that, in addition to their high spectral efficiency, outperform 
theoretical OQPSK in detection efficiency (9.15 versus 9.6 dB for 10-5 BEP) when using 
a Viterbi type receiver.  However, one must take into account that the implementation 
complexity is generally much higher with the Viterbi detector as compared to the linear 
receiver structures.  These curves illustrate the wide range of application for this family 
of waveforms. 
 



 
Figure 5. SOQPSK Results with 99%  

Bandwidth Measure 

 
Figure 6. SOQPSK Results with 99.9%  

Bandwidth Measure 

 
Figure 7. SOQPSK Results with 99.99% Bandwidth 

Measure 

 
Figure 8. SOQPSK Results with 99.999% Bandwidth 

Measure 



Figure 9 shows the outline of the different detection curves along with the performance of 
SOQPSK–A, -B and the variant (0.7,1.25,1.5,0.5) for a 99.99% bandwidth measure.  This 
variant will be referred to as SOQPSK-A* since it requires the same bandwidth as –A but 
is easier to detect.  Table 2 lists the performance of notable variants.   
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Figure 9. SOQPSK Performance with 99.99% Bandwidth Measure 

 
DETECTOR TYPE 

Eb/No (dB) for BEP = 10-5 
SOQPSK 

Parameters 
 
 

NOTES Viterbi Butter-
worth 

Int & 
Dump 

99.99% BW 
with NLA 
(Bit Rates) ρ B T1 T2 

SOQPSK-B 9.89 10.54 11.01 1.3620 0.5 1.45 2.8 1.2
SOQPSK-A 10.50 12.12 13.04 1.2523 1.0 1.35 1.4 0.6

SOQPSK-A* 
Same BW but easier 

to detect than-A 

10.24 11.45 12.15 1.2523 0.7 1.25 1.5 0.5

Good BEP 
withViterbi 

9.15 13.99 13.96 1.3974 0 1.15 1.739 0 

Good BEP with ID 
and Butterworth 

9.63 10.08 10.46 1.5370 0.2 2.05 1.8 0.2

 
Table 2. Performance Summary of Several SOQPSK variants 



Figure 10 shows the out-of-band power versus bandwidth for SOQPSK along with other 
popular modulations while Figure 11 shows the BEP versus Eb/No performance.   
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Figure 10. Fractional Out-of-Band Power of Various Modulations 

 

5 6 7 8 9 10 11 12 13
10

-6

10
-5

10
-4

10
-3

10
-2

10
-1

Detection Performance

Eb/No (dB)

B
it 

E
rr

or
 P

ro
ba

bi
lit

y

OQPSK Theory                                 
Viterbi curve                                
   SOQPSK-A (Viterbi)                        
   SOQPSK-A* (0.7,1.25,1.5,0.5) (Viterbi)    
   SOQPSK-B (Viterbi)                        
   SOQPSK (0,1.15,1.739,0) (Viterbi)         
Butterworth curve                            
   SOQPSK-A (Butterworth)                    
   SOQPSK-A* (0.7,1.25,1.5,0.5) (Butterworth)
   SOQPSK-B (Butterworth)                    
   SOQPSK (0.2,2.05,1.8,0.2) (Butterworth)   
Integrate & Dump curve                       
   SOQPSK-A (I&D)                            
   SOQPSK-A* (0.7,1.25,1.5,0.5) (I&D)        
   SOQPSK-B (I&D)                            
   SOQPSK (0.2,2.05,1.8,0.2) (I&D)           

 
Figure 11. Detection Efficiency for some SOQPSK Variants 



 
Tables 3 lists the performance of several SOQPSK variants.  Keep in mind that the 
variants listed in the table are but a small sampling of the bandwidth and power 
efficiency trade-offs achievable with the entire SOQPSK family.  Notable results include 
SOQPSK(0,1.15,1.739,0) that has a 99.99% bandwidth of 1.3974R and only requires 
9.15 dB to achieve a BEP of 10-5 with a Viterbi detector.  For linear detection, 
SOQPSK(0.2,2.05,1.8.0.2) works very well with both the Butterworth and integrate and 
dump detectors (10.07 and 10.47 dB) and is still very bandwidth efficient. 
 
For comparison, Table 4 lists the performance of other telemetry modulations including 
PCM/FM (with two different non-coherent detectors), GMSK (BT = 0.5 and 0.25), 
ARTM TIER 1 Feher patented FQPSK-B, and ARTM TIER II Multi-h CPM.  SOQPSK 
compares very favorably to the GMSK and FQPSK-B waveforms that also have a 
modulation index of h=0.5.  PCM/FM with h=0.7 is more robust but requires roughly 
twice the bandwidth while the TIER II Multi-h CPM with its h=4/16,5/16 is by far the 
most spectrally-efficient. 
 

SOQPSK 
Parameters 

DETECTOR TYPE 
Eb/No (dB) for BEP = 10-5 

ρ B T1 T2 

Bandwidth 
99.99% 

with NLA 
(Bit Rates) 

Viterbi Butter-
Worth 

Int & 
Dump 

 
 

NOTES 

0 0 0.25 0 3.8681 9.92 12.98 14.1 Mil-Std SOQPSK 
1.0 1.35 1.4 0.6 1.2523 10.50 12.12 13.04 SOQPSK-A 
0.7 1.25 1.5 0.5 1.2523 10.24 11.45 12.15 SOQPSK-A* 
0.5 1.45 2.8 1.2 1.3620 9.89 10.54 11.01 SOQPSK-B 
0.0 
0.2 

1.15 
2.05 

1.739 
1.8 

0 
0.2 

1.3974 
1.5737 

9.15 
9.66 

13.99 
10.07 

13.96 
10.47 

Best overall detection 
efficiency. 

 
Tables 3.  Performance of some SOQPSK Modulations 

 
 

DETECTOR TYPE 
Eb/No (dB) for BEP = 10-5 

 
 

Other Telemetry 
Modulation Types 

Bandwidth 
99.99% 

with NLA 
(Bit Rates) 

Viterbi Linear 
Filter 

Multi-
Symbol

 
 

NOTES 

PCM/FM 
h=0.7,4th order Bessel 

2.4 - 11.98 9.3 (Non-Coherent) 
Significant 

gain with MSD 
GMSK (BT=0.5) [6] 2.08 9.73 - -  

GMSK (BT=0.25) [6] 1.37 10.3 - - BW same as –B but 
worse detection 

Feher Patented FQPSK 
FQPSK-B 

1.26 [4 ] 10.4 [ 5] 11.6 [5 ] - ARTM TIER I 
Waveform 

Multi-h CPM 
(M=4,L=3RC, 
hi=4/16,5/16) 

0.913 11.17 - - TIER II 
Waveform 

 
Tables 4.  Performance of some other Telemetry Modulations 



Figure 12 illustrates a bandwidth/power efficiency diagram using a 99.99% bandwidth 
measure that includes the effects of a non-linear amplifier (NLA) typically needed to 
achieve the high efficiency required in telemetry applications.  Several other modulation 
schemes including PCM/FM, GMSK, TIER I Feher patented FQPSK-B, and TIER II 
Multi-h CPM are included for comparison.  From the chart, it is clear that members of the 
SOQPSK family offer better performance (better detection efficiency with the same 
bandwidth or less) than either GMSK or FQPSK-B.  PCM/FM with the non-coherent 
multi-symbol detector is robust and has great detection efficiency, but requires nearly 
twice the bandwidth of the more spectrally-efficiency SOQPSK variants.  The TIER II 
multi-h CPM has very good spectral-efficiency and relatively good detection efficiency 
but requires a quite complex demodulator, as does the narrower SOQPSK waveforms 
using the Viterbi detector. 
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CONCLUSIONS 
 
Results illustrating the bandwidth and power efficiency of the SOQPSK family have been 
presented.  It was shown that SOQPSK offers a wide range of performance trade-offs as 
seen from both the bandwidth efficiency plots and the listed performance of the particular 
members.  Several interesting results can be concluded from the presented data.  First, by 
examining the individual parameters, B seems to dominate the pulse shape for variants 
that only emphasize detection efficiency.  However, as the bandwidth decreases, the 
parameter ρ begins to dominate resulting in a waveform with improved spectral 
efficiency.  Second, the best performing members with a Viterbi detector generally 
perform poorly with linear detectors since it places no value on keeping an open ‘eye’ 
pattern that is critical for the operation of the linear detectors. Third, although the optimal 
Viterbi detector is more complex, it is much more tolerant of reductions in bandwidth 
than the linear detectors.  In other words, the penalty in detection efficiency for reducing 
the bandwidth a fixed percentage is typically much less with the Viterbi detector.   
 
These results show that SOQPSK is an attractive modulation choice with good 
performance and reasonable implementation complexity with certain variants being 
shown to outperform both GMSK and FQPSK-B.  In summary, SOQPSK is a 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 
 
Designers of small airborne FQPSK-B (-B) transmitters face at least two significant challenges. 
First, many U.S. Department of Defense (DOD) test applications require that transmitters 
accommodate a continuum of data rates from 1, to at least 20 Mb/s in one design. Another challenge 
stems from the need to package a high-speed digital baseband signal generator in very close 
proximity to radio frequency (RF) circuitry required for 1.4 to 2.4 GHz operation. The -B baseband 
filter options prescribed by Digcom/Feher [2] are a major contributor to variable data rate design 
challenges. This paper summarizes a study of -B filter alternatives and introduces FQPSK-JR (JR), 
an alternative to -B that can simplify digital baseband transmitter designs. Very short impulse 
response digital filters are used to produce essentially the same spectral efficiency and nonlinear 
amplifier (NLA) compatibility as -B while preserving or improving detection efficiency (DE). In 
addition, a strategy for eliminating baseband shaping filters is briefly discussed. New signaling 
wavelets and, modified wavelet versus symbol sequence mapping rules associated with them, can be 
captured from a wide range of alternative filter designs. 
 
 

KEY WORDS 
FQPSK-B, FQPSK-JR, baseband signal generator, FIR filter 

 
 

INTRODUCTION 
 
In 2000 the DOD adopted -B modulation in its Telemetry Standard IRIG-106 (106) for aeronautical 
telemetry [3]. One example of a digital quadriphase -B baseband signal generator compatible with 
variable data rate operation is shown in figure 1. FQPSK-B is created by application of the“-B” 
filters to FQPSK-KF (KF) waveforms produced by the wavelet selector. In this configuration, KF 
and “enhanced” FQPSK (EF) rely solely on wavelet characteristics and the anti-alias filters for 
baseband spectrum containment, i.e., the intervening low pass filter (LPF) is not used. 2  Figure 2 is 
an example of measured KF, EF, and -B NLA power spectra with a normalized sample rate ρ of 8 
samples per symbol and no post digital to analog converter (DAC) image filter. The 106 -B power 
spectral density (PSD) mask is also shown. The curves match at frequency offsets up to about 0.55 
times the bit rate rb. Then they diverge and it is clear how -B attenuates out of band power. EF  

                                                           
1 FQPSK-B refers to “Feher’s patented Quadrature Phase Shift Keying” [1]. 
2 A thorough description of KF waveforms, the cross-correlation function, and EF is given in Simon and Yan [4]. 
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Figure 1: Baseband signal generator example.
 

spectra roll off faster than KF spectra above rb but the EF bulge that appears at 0.6rb has a significant 
impact on adjacent channel interference (ACI) performance. Some applications, like earth satellite 
links, can tolerate the adjacent channel power present in KF or EF spectra. Dense signal spacing in 
DOD test range applications cannot. 
 
The structure of figure 1 is attractive because digital filter frequency response scales linearly and 
automatically with data rate. In addition, thoughtful manipulation of interpolation ratio ι  can reduce 
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Figure 2: Baseline RF power spectra with NLA. 



the DAC image filter to one fixed response requirement. Details of  -B filters are proprietary. 
However, the obvious can be stated. In this configuration they are baseband LPFs selected to 
provide as much out of band attenuation as possible while minimizing main lobe distortion and 
retaining NLA compatibility. An inevitable side effect of such filtering is a small but tolerable 
amount of inter symbol interference (ISI). The -B filter prescription is quite effective, and is easy to 
implement in fixed rate analog designs. However, it becomes problematic in digital designs that 
must span over more than four octaves of bit rate variation in small physical packages. For example, 
the -B filter used for figure 2 requires 17 multiplies and 33 sums per sample. Clever design can 
simplify the filters somewhat, but in general, good -B filters are not trivial in terms of multiplier, 
gate count, and speed burdens. In the following sections alternative filter qualification criteria are 
discussed and the recommended result, referred to as FQPSK-JR, is presented in detail.  
 
 

DEMONSTRATION SYSTEM 
 
All data were acquired with the equipment shown in figure 3. The Rohde & Schwarz “AMIQ” 
I/Q Modulation Signal Generator and Agilent Technologies signal generator combine to make a 
powerful transmitter emulator. Cyclostationary sequences of desired I and Q channel waveforms are 
downloaded to the AMIQ from a custom MatLab™ program. In addition to providing a baseline for 
very high transmitter quality, the signal generator allows intentional degradation of phase noise and 
common quadrature modulator balance parameters. The signal generator drives a custom broadband 
class C NLA at 1.45 GHz. The signal is then translated to 70 MHz for additive white Gaussian noise 
(AWGN) injection. The intermediate frequency signal is demodulated and detected with commercial 
hard decision -B demodulators.  
 

Figure 3: Test equipment.
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ALTERNATIVE FILTER CRITERIA 
 
The alternative filter study started with four assumptions: (1) the architecture of figure 1, (2) KF 
wavelets, (3) KF cross-correlation coefficient of 0.7071, and (4) cooperative, benign interpolation. 
In addition, three performance goals were adopted: (1) -B power spectra; (2) state-of-the-art hard 
decision  -B AWGN DE benchmarks; and (3) baseband spurious emissions consistent with 106, 
chapter 2. Preliminary experiments with -B showed that ρ = 6 should be the preferred sample rate 
when bit rate agility is desired. Results presented below confirm its adequacy. Lower rates degrade 
DE with the commercial benchmark demodulators and, required anti-alias filter specifications begin 
to approach “brick-wall” quality when ι  = 1. 
 
The main lobe of -B is essentially that of a linearly amplified offset QPSK signal. With respect to 
non-Nyquist spectrum shaping filters and their impact on DE, experiments have shown that the 
frequency range over which waveform damage control must be enforced extends from zero to at 
least the 20 dB rolloff point of the modulated power spectrum or f ≅  0.4rb. From this the critical 
passband range was conservatively set at 0 ≤ f ≤ 0.5rb and a limit for combined shaping filter and 
interpolator attenuation was set at 3 dB, f = 0.5rb. A “benign” interpolator was assumed to exhibit 
monotonic sin(af)/sin(bf) passband response typical of common multiplierless interpolation schemes. 
A good example is the ubiquitous cascaded integrator-comb (CIC) interpolator [5]. A four-stage CIC 
interpolator was assumed with delay factor of unity and interpolation ratios in the range 1 ≤ ι  ≤ 32. 
At ρ = 6, the worst CIC passband droop is 1.6 dB, ι  = 32. Thus, no more than about 1.4 dB of 
additional attenuation was allowed in alternate shaping filter designs at f = 0.5rb. 
 
Unfortunately, NLA and finite DAC precision effects prevent reliable prediction of spectral 
regrowth behavior at PSD levels of - 60 dBc and lower. Relations between filter transition band 
shape, stop band attenuation, and PSD response is highly nonlinear. For example, the difference 
between KF and -B power at f = 1.5rb in figure 2 is approximately 20 dB, but the -B filter provides 
more than 50 dB of attenuation at that point. The most efficient design approach is iterative 
evaluation of candidate filters with an emulator. 
 
 

FQPSK-JR 
 
Before describing the JR filter, a brief discussion of failures is in order. Approximately 40 variations 
of 12 alternative filters were tested.  It is well known that recursive digital filters can provide good 
low pass frequency response characteristics with small numbers of filter weights. For the sake of 
completeness if nothing else, several recursive designs were tried. It was not surprising to find that 
attendant phase distortion produced unacceptable spectrum restoration. Phase compensation usually 
contained the regrowth but led to unattractive filter complexity. Finite impulse response (FIR) filters 
constrained to linear phase response were deemed the best prospects. At ρ = 4, 6,8, and ι  = 1, 
multiplierless comb and half-band filters introduce excessive passband droop with attendant DE 
loss. The most promising results were obtained by placing a transmission zero in the filter transfer 
function in the range 0.6rb ≤ f ≤ rb to create a somewhat sharp transition band. Passband response 
was then adjusted by cascading a simple droop compensation filter. Stopband performance was 



evaluated in terms of PSD response with the emulator. Surviving candidates were then evaluated for 
integer arithmetic simplicity. 
 
Any FIR filter can be described in terms of its impulse response sequence h(n) with the z transform 
[6]: 
 

( )H z h n z n

n

N

( ) = −

=

−

∑
0

1

(1) 

 
The equivalent composite impulse response of the preferred result, referred to as the JR filter, is 
shown in column 2 of table 1. 
 

Table 1: JR Filter Impulse Response 

filter weight JRequiv JRa JRb 
h(0) -0.046875 2-2 -(2-3 + 2-4) 
h(1) 0.109375 h(0)   (2-1 + 2-3) 
h(2) 0.265625 h(0) h(1) 
h(3) h(2) - h(0) 
h(4) h(1) - - 
h(5) h(0) - - 

 
Its group delay is constant (3.5 samples) and it decomposes into the cascaded pair of trivial filters 
defined in columns 2 and 3. Designers of fixed-point integer arithmetic processors will note that 
each of the constituent filters can be implemented without dedicated hardware multiplication 
structures. Typically, one overall scaling operation is needed to adjust joint filter and interpolation 
gain with respect to peak wavelet scaling. JR attenuation, after scaling to unity gain at f = 0, is 
plotted in figure 4. Combined JR/CIC response at ι  = 2 and 32 is also shown. Additional passband 
droop introduced by the anti-alias filter should be limited to about 0.5 dB to avoid measurable 
degradation of DE.  
 
The JR configuration involves one more factor. Mathematically, KF only produces constant 
envelope operation at mid symbol sampling instants when the cross-correlation coefficient A is [1, 
2]: 
 
A = 1

2
(2) 

 
During this study it was found that NLA PSD is not materially effected by varying A in the 
approximate range 0.69 ≤ A ≤ 0.75. Theoretically, increasing A has the beneficial effect of 
improving DE. However, it was found that modest increases also improve out of band attenuation in 
the range 1.0 < ∆f < 1.5. The JR data presented below utilized A = 0.73 which is regarded as the best 
overall compromise of PSD rolloff, ACI sensitivity, and DE performance options. 
 



0 0.5 1 1.5
0

1

2

3

4

Pa
ss

ba
nd

 A
tte

nu
at

io
n 

- d
B

0 0.5 1 1.5

10

20

30

40

St
op

ba
nd

 A
tte

nu
at

io
n 

- d
B

Normalized Frequency - f/rb

    ι  =32
 ι  = 2
ι= 1

ι  = 1 
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Figures 5 and 6 are JR power spectra. Notable deviations from -B only occur in the range 
1.3 ≤ ∆f ≤ 1.7, ι  = 1. This degradation is not likely to be significant in practical situations because 
the image filter should provide significant additional attenuation in this range.  
 
With respect to 106 recommendations, PSD plots are only indicative of general signal quality and 
spurious emission potential close to the carrier. The important measure of spectrum containment is 
ACI sensitivity. Figure 7 contrasts -B and JR in terms of a proposed 106 ACI criterion which states  
that the value of Eb/N0 required for a bit error probability (BEP) of 1x10-5 shall not increase by more 
than 1 dB with respect to the AWGN DE value of Eb/N0 for the same BEP, when an interfering -B 
signal of like bit rate, 20 dB stronger than the victim, is placed at ∆f = rb Hz above or below the 
victim. The results show that JR matches -B at the specification point and is only 0.2 dB worse at 
∆f = 0.95rb.  
 
Figure 8 shows that JR filters provide adequate headroom for practical modulator defects. The 
magnitude of impairments used for this example are each near the limits of good QPSK design 
practice. 
 
Figure 9 is a plot of AWGN DE with benchmark demodulators (no anti-alias filter). Both 
demodulators use sharp front end filtering and narrow detection filters to remove the DAC images. 
Aside from the obvious absolute difference between demodulator designs, we see that JF is certainly 
equivalent to –B. 
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For completeness, comparative spectra produced by a complete processor example are shown in 
figure 10. A Krohn-Hite model 3955, 4-pole, dual channel filter was used as an image filter. Its 
-3 dB cutoff frequency was set at 1.13rb. Note that spectral growth becomes slightly asymmetric 
below -70 dBc. Such behavior has been found typical of interaction between NLAs, filtered FQPSK 
waveforms and image filters that are not phase compensated. Nonetheless, we see that a simple 
image filter can be effective as the final spectrum containment element if one is not seeking the 
ultimate in terms of out of band attenuation near the carrier. 
 
 

SHAPING FILTER REMOVAL 
 
Figure 11 is an ideal transmitter eye diagram of JR produced by the AMIQ load program. Aside 
from the larger opening (A= 0.73 vice 0.71), experienced FQPSK observers will find it 
indistinguishable from –B without resorting to sophisticated test equipment. The only notable 
difference is lower level ISI and jitter due to very small JR filter group delay. Moreover, this means 
fewer vital waveform states, and it has been found practical to identify and capture all state 
variations. KF wavelet samples that would typically be stored in read only memory lookup tables 
within the “wavelet assembly” block of figure 1 can be replaced with samples of new wavelets 
associated with a different symbol sequence map. All pre-DAC filtering can thus be eliminated at 
the expense of larger lookup tables. An exhaustive state variation and corresponding input symbol 
sequence search program was developed that automatically produces the new wavelet sets (when a 



unique set exists) and required bit rate symbol sequence mapping. Available space precludes 
presentation of number intensive  
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Figure 10: Example of complete JR and –B RF spectra with image filter and NLA. 
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Figure 11: FQPSK-JR baseband generator eye diagram, I or Q channel, ι  = 2, A = 0.73. 

 
tables, however, numerous filterless examples have been created and executed in the emulator. In 
each case, at least to the extent detectable with measurement uncertainties, all performance 
characteristics of the filterless, table based implementation match those of the underlying run-time 



filter version. Simplified, sub-optimum wavelet sets can readily be created as well, and trades of 
table size and mapping complexity versus system performance compromise are easily evaluated. 
  

CONCLUSION AND ACKNOWLEDGEMENTS 
 

The JR filter is an almost transparent substitute for -B filters. A member of the FQPSK family of 
cross-correlated OQPSK waveforms, JR retains the pseudo constant envelope characteristics of -B 
and consequent NLA compatibility while preserving DE and ACI performance. Its main benefit is 
significant simplification of baseband filter complexity in digital baseband signal generators. Use of 
its specific definition in transmitter specifications can result in uniform expectations for signal 
characteristics. A complete JR prototype modulator having all digital functions contained within one 
moderate complexity field programmable gate array is under construction. 
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NOMENCLATURE 
 
Eb/N0 bit energy density to noise density ratio 
f0 carrier frequency 
fi carrier frequency on interfering signal, ACI test 
fv carrier frequency on victim signal, ACI test 
ι  ratio of output sample rate to input rate 
ρ normalized sample rate, samples per symbol 
rb bit rate 
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ABSTRACT 
 
It has been shown that a multi-symbol detector can improve the detection efficiency of 
PCM/FM by 3 dB when compared to traditional methods without any change to the 
transmitted waveform.  Although this is a significant breakthrough, further improvements 
are possible with the addition of Forward Error Correction (FEC).  Systematic 
redundancy can be added by encoding the source data prior to the modulation process, 
thereby allowing channel errors to be corrected using a decoding circuit.  Better detection 
efficiency translates into additional link margin that can be used to extend the operating 
range, support higher data throughput, or significantly improve the quality of the received 
data.  This paper investigates the detection efficiency that can be achieved using a multi-
symbol detector and turbo product coding.  The results show that this combination can 
improve the detection performance by nearly 9 dB relative to conventional PCM/FM 
systems.  The increase in link margin is gained at the expense of a small increase in 
bandwidth and the additional complexity of the encoding and decoding circuitry. 
 
 

KEY WORDS 
 
PCM/FM, Forward Error Correction, Turbo Coding, Range Extension 
 

INTRODUCTION 
 
Binary PCM/FM has been widely adopted as a standard by the telemetry community. It 
offers a reasonable balance between detection efficiency and spectral efficiency, with 
very simple implementation in both the transmitter and receiver.  It was shown in [1] that 
the detection performance of PCM/FM could be improved by 3 dB using a multiple 
symbol demodulator as opposed to a traditional single-symbol detector.  No change was 
required to the transmitter equipment.  To address the need for improved data quality at 
longer ranges or higher throughputs, a system using a multi-symbol detector with turbo 
product coding will be investigated.  The resulting system will use traditional PCM/FM 
for its robustness and existing logistical infrastructure and will provide a significant 
increase in link margin that can be used to either extend the range or enhance the data 
quality. 
 



SYSTEM DESCRIPTION 
 
Conceptual block diagrams of several PCM/FM communication systems are shown in 
Figure 1.  First, a typical system that uses a conventional demodulator requires a nominal 
amount of bandwidth (1x) and an Eb/No of roughly 14 dB to achieve a bit error 
probability (BEP) of 10-7.  Next, by switching from a conventional to a Multi-Symbol 
Demodulator (MSD), 3 dB less Eb/No is required to achieve the same 10-7 BEP.  Finally, 
a Turbo Product Code (TPC) encoder and decoder are added that can further reduce the 
Eb/No required to achieve a BEP of 10-7.  However, note that the transmitted bandwidth 
increases proportional to the amount of overhead created by the encoder.  Several codes 
will be studied with overheads ranging from around 10 to 20 percent.  The penalty for 
better detection performance with the TPC approach is a small increase in bandwidth 
along with the increased complexity of the encoder and decoder circuitry. 
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Figure 1. Possible PCM/FM Systems (Conventional, MSD, MSD + TPC) 

 
 
 

TURBO PRODUCT ENCODING AND DECODING 
 
There are many types of FEC that could be used in this architecture including Reed-
Solomon, Convolutional, concatenated Reed-Solomon and Convolutional, BCH, as well 
as many others.  However, Turbo Product Codes appear particularly attractive due to 
their large coding gain, rate flexibility, simple structure, modest synchronization 
requirements, and availability of commercial encoder and decoder integrated circuits.  
Interleaving will not be used in this study since the added latency at the transmitter may 
not fit typical mission requirements. 
 
Figure 2 illustrates a simple (7,4)x(7,4) product code constructed from multiple (7,4) 
codewords.  For each block, 16 information bits are used to compute the 33 parity bits.  
The algorithm performs encoding row-by-row and then column-by-column.  Note that the 



completed block contains parity bits calculated on other parity bits.  After the encoding 
process is finished, 49 bits of information and parity are serialized and sent to the 
modulator.  The code rate for this example, ratio of source bits to source bits plus parity, 
is 0.327 (=16/49). 
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Figure 1. (7,4) x (7,4) Product Code Example 
 
 
A ‘Turbo’ decoding procedure is used to recover the information bits from the 49 bits of 
noisy received data.  The rows are decoded using a soft (7,4) decoder that outputs not 
only the decoded bit, but also the confidence on the decision.  Similarly, the columns are 
decoded using the soft information from the decoded rows.  This iterative process of 
decoding the rows followed by the columns continues until the decoder converges on the 
best answer. 
 
Issues that affect the decoder performance include the code parameters, channel 
characteristics, modulation type, soft decision quality, and number of iterations.  
Computer simulations with different code parameters and soft decision techniques were 
used to evaluate the system performance.  Codes with low to moderate overhead were 
evaluated with PCM/FM modulation in an additive white Gaussian noise (AWGN) 
channel with perfect synchronization. 
 



SELECTION OF PRODUCT CODES 
 
Since the next step of this research may be to develop a prototype system, only codes 
with a convenient hardware solution were investigated.  Of particular interest are codes 
supported by the line of Turbo coding products from Advanced Hardware Architectures 
(AHATM).  Codes that have large coding gains, overhead rates of approximately 10 to 20 
percent, and can support multi-megabit data rates are very attractive for typical telemetry 
applications.  Table 1 lists some of the codes supported by the AHA integrated circuits 
[2] and their projected performance with coherent BPSK for a AWGN channel at an error 
rate of 10-6 using a sufficient number of decode iterations.  Some degradation can be 
expected using non-coherent PCM/FM instead of coherent BPSK. 
 

Code 
(n1,k1)x(n2,k2) 

Block Size 
(Bits) 

Data Size 
(Bits) 

Rate Coding Gain 
(dB) for BPSK

(64,57)x(64,57) 4096 3249 0.793 7.1 
(128,120)x(64,57) 8192 6840 0.845 6.8 

(128,120)x(128,120) 16384 14400 0.879 6.6 
 

Table 1. Attractive TPC candidates supported by AHA integrated circuits 
 
 

SOFT DECISION APPROACHES 
 
The decoder requires soft-decision inputs from the PCM/FM demodulator.  For coherent 
BPSK, a simple decision slicer that quantizes the matched filter output is suitable for 
creating the soft decision values.  For PCM/FM, the multi-symbol detector compares the 
received input signal with the ideal transmitted values over several symbols and 
computes a score for all possible transmitted patterns.  The correlation with the largest 
magnitude determines the recovered data bit (hard decision).  Two methods of creating a 
soft decision output were investigated.  The first approach takes the difference between 
the magnitudes of the largest ‘0’ filter and the largest ‘1’ filter which can be normalized 
and quantized to be compatible with the input requirements of the Turbo decoder.  The 
soft decision x(k) can be expressed mathematically as 
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where ( )iNiiii ccccC ,...,,, 321=  is the set of correlations that produce the binary output (i) 
and A is a normalization factor based on the size of the correlator scaling and the 
quantization scheme desired.  A second approach for computing x(k) is to replace the 
max function with the mean function.  In other words, the soft decision is based on the 
difference of the average magnitudes of the set of the ‘0’ and ‘1’ correlations.  The 
‘mean’ approach was determined via computer simulation to be inferior by at least 1 dB 
and was not considered further.  The ‘max’ soft-decision method was used for the 
following simulation results. 
 



SIMULATION RESULTS 
 
This section presents simulation results for a PCM/FM multi-symbol detector with Turbo 
product coding.  Figure 2 compares the BEP performance of a conventional and multi-
symbol detector without coding to a system with a multi-symbol detector using three 
different product codes, namely a (64,57)x(64,57), (128,120)x(64,57), and 
(128,120)x(128,120).  The Multi-Symbol detector with TPC improves the BEP 
performance by nearly 9 dB over the conventional system.  This dramatic increase in 
link margin can be used to extend the operating range of the system, support increased 
data throughput, or significantly enhance the data quality.  The performance results for 
each system are summarized in Table 2.  Figure 3 shows the slight increase in transmitted 
bandwidth necessary to support the coding overhead.   
 
 

 
System 

Description 

Eb/No (dB) 
required for 

10-7 BEP 

Req’d 
Bandwidth 
(Relative to 

uncoded case) 

 
Code 
Rate 

 
Block 
Size 

(Bits) 

 
Detection 

Improvement
(dB) 

Conventional 
(uncoded) 

14 1.0 1 - Reference 

Multi-Symbol 
(uncoded) 

11 1.0 1 - 3 

MSD+TPC 
(64,57)x(64,57) 

5.25 1.26 0.793 4096 8.75 

MSD+TPC 
(128,120)x(64,57) 

5.125 1.198 0.835 8192 8.875 

MSD+TPC 
(128,120)x(128,120) 

5 1.137 0.879 16384 9 

 
Table 2. Summary of PCM/FM System Results 
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Figure 2. Performance of PCM/FM Systems  
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Figure 3. PSD of PCM/FM with and without Coding 



 
In addition to the BEP and PSD performance, synchronization and latency are also 
important system issues.  Synchronization of the TPC decoder can be achieved robustly 
and quickly without inserting any additional synchronization or framing overhead.  
Figure 4 illustrates a method of establishing the row and column codeword alignment 
required by the decoder.  First, the row alignment is detected and used to construct 
possible column alignments.  Column alignment, along with the row alignment, identifies 
the block alignment required by the TPC decoder.  
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Figure 4. Block Diagram of TPC Decoder Synchronization 
 
The latency of the encoding circuit can be made negligible (on the order of n-k bits) 
while the decoder latency will be approximately two and a half blocks (2.5*n1*n2) on 
average.  This assumes that the reception will begin with a partial block, another block 
will be required for synchronization, and another block of latency will occur due to the 
decoding process itself.  However, although the receive latency will be roughly 2.5 
blocks, the only portion of the transmission that will be not be recovered is the initial 
partial block. 
 



 
CONCLUSIONS 

 
The performance results for a PCM/FM communication system using a multi-symbol 
demodulator with Turbo product coding has been presented.  It was found that the 
combination of the Multi-Symbol detector and TPC outperformed a conventional 
demodulator by nearly 9 dB in detection efficiency.  This substantial increase in link 
margin can be used to extend the operating range, support higher data rates, or 
significantly improve the data quality.  All of this is achieved with no increase in 
transmitter power or antenna gain.  The price for this dramatic detection performance is 
a slight increase in transmitted bandwidth and the addition of encoding and decoding 
circuitry.  Methods for generating suitable soft decision metrics and synchronizing the 
decoder were presented as well as estimates of the TPC encoder and decoder latency.   
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ABSTRACT 
 
It is need to design acquisition and tracking for code loop and carrier loop to detect the high 
dynamic Global Position System (GPS) signal. Acquiring signal quickly and shortening 
acquisition time in the cold case are key technology of a high dynamic GPS receiver. Moreover, 
fast acquisition of C/A code is the base of code tracking and carrier acquisition and tracking. 
This paper describes elements and implementation of a new parallel-sequential search 
Algorithm to acquire C/A code of the high dynamic GPS signal. And combined with a 
12-channel correlator named GP2021 produced by GEC Co., the arithmetic implementation to 
acquire C/A code of the high dynamic GPS signal used sequential search based on DSP 
technology is also given. 
 

KEY WORDS 
 
Global Position System (GPS), pseudorandom codes; acquisition; false alarm 
 
 

INTRODUCTION 
 

In the high dynamic GPS receiver, the power of GPS signal is low through spread spectrum of 
direct sequential (DS) and carrier modulation and the range of Doppler frequency is large due to 
the high dynamic movement of vehicles. Therefore one of the most critical and time consuming 
function is the two-dimensional search and acquisition of the initial C/A code and Doppler 
frequency. The coarse estimation of Doppler frequency of carrier is included in the course of 
code synchronization, then four quadrant frequency discriminator is used to limit Doppler 
frequency into the linear range of carrier tracking. GPS receiver switches to code and carrier 
tracking mode when closing code and carrier loop. 
  This paper investigates a parallel-sequential search algorithm in a Digital Signal Processor 
(DSP)-based high dynamic GPS receiver for implementing a very fast signal search and 
acquisition. 
 
 



ACQUISITION COURSE OF PN CODE 
 
Pseudo-Random Noise Code(PN) is a binary sequence which have the random characteristic of 
white noise and can be confirmed and reproduced. GPS adopts the spread spectrum 
communication system, and C/A code is a PN code called Gold code. The PN code acquisition 
is as shown in Fig 1. 

 The received signal of a spread spectrum receiver is given by[1]  
( ) )()()(2 00 θϖ += tCostPNtdptS                           (1) 

where p is the power of signal, d(t) is the data code, PN(t) is a kind of spread spectrum code, 
0ϖ  is round frequency and 0θ  is initial phase. The local device produces the spread 

spectrum code called PN(t-τ ).The delayτ between PN(t) and PN(t-τ ) is a random variable 
ranged from 1Tc to NTc when receiver has no prior knowledge about PN(t). Where N is the 
number of code to be searched and Tc is the period of code. Receiver produces local code 
PN(t- τ ) to calculate the integral of PN(t- τ ) and S(t) and judge whether achieve code is 
synchronization or not by comparing the integration result. If receiver does not acquire the code 
when local code delays a span of τ ,it produces PN(t-2τ )…PN(t-nτ ) separately to perform 
integration until reach to correlation peek and acquire PN code. But when either the frequency 
of received signal or intermediate frequency of receiver is differed from the central frequency of 
the BPF2 very large, the integration result of two PN code is not larger than Ta even if their span 
is small enough. That searching the frequency of carrier is also in need and which is the 
two-dimensional search and acquisition of the initial C/A code and Doppler frequency. 
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Figure 2:PN code acquisition 

 
 

CURRENT STRATEGY OF ACQUIRING C/A CODE 
 
In the spread spectrum communication system, there are two ways of the sequential search and 
the parallel search for signal acquisition. When acquire signal through the parallel search, the 
Doppler frequency is divided into several channels and each channel has N correlators. Every 
correlator is inputted with the received C/A code and the local code delayed a phase chip of the 
received C/A code sequentially. Then choose the best of the output of correlator as the acquired 



signal.  
 
Another parallel search is based on FFT operation[2], the C/A code phase is divide into several 
searching cells. The carrier digitally controlled oscillator (DCO) is set to its nominal value and 
is kept constant during all acquisition process. A C/A code phase is set in C/A code generator 
and the outputs of correlators are processed by DSP. The power of signal at the FFT output is 
used to determine the presence or not of the signal using a statiscal test on FFT bin. If the signal 
is declared absent, the C/A code phase is changed and other cells are explored. If the signal is 
declared present, the FFT bin number provides an estimate of the Doppler frequency and 
achieves code acquisition. 
 
These two ways of parallel search motioned above can acquire signal in a few seconds and are 
better adapted to the high dynamic circumstance. But they have complex equipments and need 
the special signal processing module. On the contrast, the sequential search Algorithm uses 
signal channel correlator and scans every discrete frequency span sequentially according to the 
effective prior information, which has the virtues of simple hardware and implementing easily, 
but consumes much more time especially in the circumstance with the high dynamic movement 
and low signal noise ratio signal. 
 
 

PARALLEL -SEQUENTIAL SEARCH ALGORITHM 
 
We design the parallel-sequential search scheme giving attention to both acquisition speed and 
equipment complexness. In the parallel-sequential search algorithm, the signal processing 
module consists of general correlator and DSP. Signal acquisition and tracking are worked in 
correlator controlled by DSP. 
 
A. DIVIDE MUTICHANNEL 
  The Receiver makes 24-channel correlator of two GP2021 chips. Since the number of visible 
GPS satellite is at most eight, these channels are redundancies. The Doppler frequency range of 
the receiver is determined by the maximal velocity of receiver V1 , the maximal Doppler 
frequency of GPS satellite(“the radial velocity” relative to static consumer) and an additional 
frequency produced by receiver oscillator frequency uncertainty is Fc .The total Doppler 
frequency is shown as formula 2. 

          c
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[3]             (2) 

The maximal velocity of receiver is assumption to 10,000m/s, the maximal absolute value 
of Doppler frequency due to the satellite movement is 700m/s and the frequency produced by 
receiver oscillator frequency uncertainty is 40Hz. So the maximal Doppler frequency of the 
receiver reaches ±56KHz. 

The Doppler range is divided into four parts and parallel search is carried out, however 
each channel adopts sequential search. The C/A code has 1023 chips and is also divided into 
two parts. Each channel scans 512 chips separately. Therefore, eight channels constitute a 



fasting acquisition channel of the receiver. 
 
 
 
 
 
 
 
 
 
 

Figure 2:Channel Partition 
  
For limiting initial carrier frequency into the range of main petal of the channel , and 
considering the acquisition range of Doppler frequency, the span of central frequency of these 
eight channels is set 30KHz and the central frequency of every two channels is same, which is 
shown as Fig. 2. 
 
B. SEARCH STRATEGIES 
 
In the parallel-sequential search algorithm each channel adopts sequential search. Sequential 
search is the two-dimensional search and acquisition of initial C/A code phase and Doppler 
frequency, which are used as starting values when closing the code and carrier loops and 
switching to tracking mode operation. We use the mode of approaching scan in turn in scanning 
Doppler frequency and dwell several times at one chip of code phase in the detection of signal 
to decreases the acquisition time of C/A code. The correlator adopts a kind of chip in GPS 
Integrated circuit group named GP2021 produced by GEC Co, which has twelve channels and 
each channel can produce prompt code and late code. The High dynamic receiver uses two chips 
of GP2021 composing 24-channel correlator. Just as mentioned above , the Doppler frequency 
range is divided into four equal portions and The C/A code phase is also divided into two equal 
portion. Searched in each portion used one channel and search algorithm in each channel is 
shown as Fig.3. 
 

The increment of code phase is set half chip and the increment of Doppler frequency is one bin, 
which form a search cell. Set one Doppler frequency cell and move prompt code and late code 
in turn. The outputs of correlator have a statistical test by the DSP to determine whether the 
power is exceeded the threshold. When the correlation value is above the threshold, stop moving 
code phase and process signal at current code phase again. If the correlation value is continuous 
greater than the threshold three times, the signal declares present and switches to tracking loops. 
If the signal is not present when finishing moving 512 chips, search next Doppler frequency bin 
till achieve signal acquisition. 
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Figure 3: Sequential Code Searc 

 
 

C. ACQUISITION THRESHOLD 
The output of Accumulate and Dump blocks in GP2021 in the edge of the k-st correlation is as 
shown[3]: 

( ) ( ) ( )[ ] ( )[ ]{ } )(cossin5.0 knTkfckRkADkI Ikd +⋅∆≈ φπε                   (3) 

( ) ( ) ( )[ ] ( )[ ]{ } )(sinsin5.0 knTkfckRkADkQ Qkd +⋅∆≈ φπε                   (4) 

 
where A is signal floor, ( )kD is modulated data, ( ) zzzc sinsin = , ( )kfd∆ is estimate variance of 
the Doppler frequency, ( )kε is estimate variance of the C/A code, ( )⋅R is perfect binary auto 
correlation function of PN code, T is the integral time and )(knI � )(knQ is the value of the 
in-phrase and quadrature produced by the input noise. 
 
According to the electric characteristic of GP2021, the noise power of the In-phase(I) and 
Quadrature(Q) channel is equal to 48571 when no signal is present. With no signal present, the 
quantity 22 QI +  is an exponentially distributed random variable. The distribution function 
is[4] 
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Where, 2
nσ  is the numerical variance of I and Q channel, 2σ =E(I2)=E(Q2)=48571�The signal 

acquisition threshold is assumed to tV , the probability of false alarm is 
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Known from formula 4, the correlation result is linear with the function of ( )[ ]{ }Tkfc d π⋅∆sin . 

Assumed SNR is equal to 6dB when acquiring signal; In sequential search, the maximal 
correlation loss is equal to 0.75 because of half code increment of the C/A code phase and the 
maximal variance of frequency is 250Hz when frequency increment is 500Hz. So The signal 



acquisition threshold tV  is 

261134
001.0250
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tV             (7) 

and the probability of false alarm 068.0=fP . 
 
D. ACQUISITION TIME 
 
Let us consider the code start case, the receiver has no knowledge of time and satellite position. 
In this case, the Doppler frequency range due to satellite velocity and an additional frequency 
produced by receiver oscillator frequency uncertainty are also taken into account. The 
acquisition time can therefore be expressed as[2] 

    
1
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NTT                       (8) 

   Where qT  is acquisition time, dT is the dwell time in every cell, dN  is the dwell times 
in every cell and sN is the number of searches before finding the satellite signal.  
   In the parallel-sequential search algorithm, each channel has the search Doppler range of 
30KHz, the dwell time in every cell is 1ms, a search Doppler bin is 500Hz. So there are 60 search 
Doppler bins. The code increment is half chip and the C/A code has 1023 chips. Because each 
channel searches 512 chips and GP2021 reads the correlation result of two half chips, the number 
of search code cell is 512 and the total search number is 30720(512*60). The dwell times is three 
times when the signal is present and the dwell times is once when the signal is not present . The 
dwell times is therefore at most three time when false alarm produces. Finally the maximal 
acquisition time in code start case amount to 
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APPLICATION 
 
  The high dynamic GPS receiver can be divided into three function modules of the receive 
front (RF) section, signal processing section and application processing section according to 
every portion different action in the system. The mainly assignments of signal processing 
section are acquiring and tracking GPS signal. We use correlator and DSP chip to implement 
these functions. Applying the parallel-sequential search algorithm to search C/A code in signal 
processing section, it takes few time to achieve signal acquisition and has less probability of 
false alarm. 
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ABSTRACT 
 
The intelligent vehicle navigation system is the multifunctional and complex integrate system that 
involved in auto positioning technology, geography information system and digital map database, 
computer technology, multimedia and wireless communication technology. In this paper, the 
autonomous navigation system based on the embedded hardware and embedded software platform 
is proposed. The system has advantages of low cost, low power consumption, multifunction and 
high stability and reliability. 
 

KEY WORDS 
 

GPRS, global positioning system, geography information system, embedded system 
 
 

INTRODUCTION 
 
The research and study of the intelligent vehicle navigation system is widely paid attention to by 
many countries and the associated products have been developed in Europe, USA and Japan. But 
these products have difficulties in going into Chinese market because they have some problems 
such as map incompatibility and difference of traffic equipment between China and the others. 
Though some similar products have been developed in China, they have many shortages on 
aspects of functions, cost, reliability and etc. 
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Embedded Computer System 

We develop a new auto vehicle navigation system, which uses the embedded computer hardware 
technology and embedded operation system Windows CE or Linux that has strong graphics 
function and multitask and real-time kernel. This system is low cost, small volume and high 
reliability that meets the demands of the vehicle environment.  
 
 

THE CONCEPT OF EMBEDDED SYSTEM 
 
The embedded system is centered on application and based on computer technology, which has a 
special purpose and meets requirement of capability, reliability, cost, power and so on. The 
embedded system can be applied in manufacture industry, process control, communication, 
instrument, vehicle, boats and ships, consumption product. 
 
The embedded system is integrated by computer, semiconductor, electronics technology and 
specific application. The embedded system is different from general computer, whose hardware 
should be designed high efficiently and try to get higher performance in the same silicon and 
whose software should be stored solidly and high real-time. The embedded system and specific 
application combine to specific product. The embedded intelligent vehicle navigation system is an 
information system, which is integrated by the embedded system and the intelligent vehicle 
navigation system. 
 
 

FUNCTION OF INTELLIGENT VEHICLE NAVIGATION SYSTEM 
 
The intelligent vehicle navigation system can be divided into the following several modules: user 
interface, digital map database, map matching, geographic information system (GIS), route 
planning, route guidance, wireless communication (GPRS) and position sensor (GPS/INS),   
 
 
 
 
 
 
 
 
 
 

Figure1 .The function of intelligent vehicle navigation system 
 
The figure 1 shows that the intelligent vehicle navigation system is a complex information system 
composed of various functional modules. In actually, the function of vehicle navigation system is 
determined by the specific application field. Typical autonomous vehicle navigation system should 
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have the following basic functions: 
 

 The current position of vehicle is calculated all the time and position error is less than 20 
meters. 

 The position of vehicle is transformed into the geographic coordinate and the map 
matching technology is applied to make sure that the running vehicle is along the route. 

 The map is displayed through the LCD and the position of vehicle is displayed on the 
map. 

 A best route from start to target is generated according to appropriate rule. 
 Route guidance instruction is given to the driver according the planning route. 
 When the vehicle deviates the correct route, the driver can get notice and a new best route 

from current place to target is generated. 
 The system is manipulated by remote controller or touch panel. 
 Some specific function such as information query and wireless communication 

 
Because the vehicle navigation system is the consumption product, the following principle should 
be considered: 
 

 Reliability. The system must adapt the vehicle environment and should be stable and 
reliable. 

 Friendly user interface. The system should be manipulated easily and concisely, and 
graphic interface should be clear and beautiful. 

 Economical. The system should be low cost. 
 
 

EMBEDDED HARDWARE PLATFORM 
 
The realization of the powerful function relies on the hardware platform. Figure 2 gives the 
structure of the embedded hardware platform. 
 
 
 
 
 
 
 
 
 
 

Figure2 .The structure of the embedded hardware platform 
The most important part is the embedded computer, which not only harmonizes the behaviors of 
all components in the system, but also provides a powerful and reliable platform to run 
sophisticated operation system and navigation software. So the successful implement of the 
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embedded computer is fundamental for the system. The structure of embedded computer is greatly 
different from the conventional computer. A 32-bit RISC processor core, instead of the x86-based 
CPU, is used for its low power consumption and high performance. The operating system and 
applications can be stored in ROM or FLASH, rather than a hard disk, which is unsuitable for 
vibration environment. Another feature of the embedded computer is power management. As a 
mobile product, it must often operate from a battery-based power supply when the user is on the 
road. A good power management system will help us avoid the unnecessary power consumption. 
In addition, the general-purpose I/O ports, USB port and IrDA are designed for function 
expanding. 
 
GPS/INS integrated navigation method is used to get precise and continuous position of vehicle, 
which is transfer to the embedded computer by serial port. Compact Flash card is used to store 
digital map database that can be replaced or updated by Internet conveniently. Speaker is used to 
output audio signal about route guidance for the user. The LCD display provides 16 bit color and 
640x480 resolution. The system is manipulated by the user through the remote controller. GSM 
GPRS wireless communication is employed to transfer data between the vehicle device and the 
control center station. 
 
 

EMBEDDED SOFTWARE PLATFORM 
 
The software hierarchy of the intelligent vehicle navigation system is shown in figure 3. The total 
software includes two parts: operation system and application program. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 3. The structure of software system 
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The operation system (OS) is the base of software system, which consists of device driver, 
real-time multitask kernel and application program interface (API). The device driver provided by 
Original Equipment Manufacturer (OEM) manages hardware of physical layer, which is the only 
one part associated with the hardware. The kernel manages process, thread and memory of system 
and it must support multitask and real-time. The system service provides application program 
interface and run-time support.  
 
According to requirement of system function, the operation system should support multitask and 
strong graphic display. According to development of application program, it should provide 
platform builder and support various embedded hardware. Now operation system available 
includes DOS�Windows2000/NT�UNIX�Linux�Windows CE and so on. Windows CE or 
embedded Linux is appropriate selection, which is compact, efficient, 32-bit operation system 
built for the resource-restrained devices, especially embedded system. 
 
The key and fundamental part of application program is digital map database and geographical 
information system. A good organization of map data may improve the performance of the whole 
system, and a functional GIS ensure the proper work of the other modules. In the system, the map 
matching technology is adopted, so the digital map and positioning error is compensated. The 
special digital map database and GIS platform is realized. The route planning and automatic 
guidance software are designed independently and the complicated roads are processed 
professionally, for example viaduct and one-way street. 
 
 

CONCLUSIONS 
 
China has joined WTO, and peoples’ living quality is being improved, so more and more people 
will have their own cars. The vehicle navigation system will become an important information 
device of car and provide various services for people. In the process of development, ChongQing 
Bashan Instrumental Factory gives much assistance. 
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ABSTRACT 
 
Embedded GIS in Intelligent Navigation System is a special information system. This paper puts 
forward several basic principles and constraints during design for Embedded GIS at first, and 
then analyzes the feature of embedded platform and the function of Intelligent Navigation System, 
and presents a realization scheme of Embedded GIS. 
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INTRODUCTION 
 
In the research and the implementation of Intelligent Land-Vehicle Navigation System, the digital 
map database is an important and basic part, and restricts the development of the navigation 
system all the while. As the development of the embedded hardware and software, the study of 
Intelligent Land-Vehicle Navigation System comes into a new stage, while new feature of digital 
map database is needed. The general GIS Platform such as MapInfo and ARC/INFO does not fit 
to new request any more, because they are huge, low efficient and incompatible with embedded 
operating system. Therefore, the research of the embedded GIS is very necessary. 
 
 

FUNCTIONS AND MATHEMATIC MODELS OF GIS 
  
GIS applied in vehicle navigation system can realize these main functions:  
1.Display map. 
2.Confirm some address or destination by street address and nearby crossing. 
3.Calculate routing. 
4.Let driver go along the route that has been calculated. 
5.Matching route checked by sensor and known route net so that we can know more exact vehicle 

position. 



  

6.Supplying tour information such as tour manual, signpost, hotel and restaurant. 
 
As an information system, GIS uses binary digit as memory to realize reality. It process 
information from the reality, and stores them in computer. We hope not only GIS can supply 
plenty information, but also choice certain data that we require. But because of complexity of the 
reality, we must find some way to store data that can meet the demand. To realize, we must 
understand and express the impersonality world well. So data structure in GIS has an important 
role. Therefore, the first thing we do is to set up data structure that translates the reality to binary 
digit. 
 
The Spatial Concept model is the spirit of GIS. The two typical data structure is topological 
relation data model (figure.1) and OO (orient-object) data model (figure.2). 
 
 
 
 
 
 
 
 
 
 

Fig.1 Topological Relation Data Model    Fig.2 Orient-object Data Model 
 
Topological relation data model is based on topology to organize and store geometry factors. It 
uses topology connection as center that is made up of dots, liners, sides, and their coordinate store 
is interdependent. The main advantages in this model are close data structures, clear 
topology .The topology stored in system before can improve the system efficiency in querying 
topology and analyzing net. But it still doesn’t have high efficiency in managing single geography, 
and can’t express complex geography, especially realizing quick querying and analyzing complex 
space. Moreover the system has difficulty in maintenance and expansion.   
 
OO data model describing geographical space organizes by independent, integrate and 
geographical objects. In the implementation of the organization and storage, coordinate and 
attribute data can be stored in two ways. One is separately stored in the different file system and 
relation database; while the other is integrate to store in the relation database. OO data model can 
overcome the disadvantages of the topological relation data model. The advantages for OO data 
model can easily implement object managing, modification, query and easy for space analysis. 
The more important is that it can easily construct any complex geographical object as needed. OO 
data model is satisfied the experience for people recognizing the real world. In addition, OO data 
model is easy to maintain and expand for the future. 



  

But it has a few shortcomings: topology structure requiring temporary building, receding 
efficiency of analyzing net; redundancy store of entities’ commonality dots and liners; difficulties 
in managing, analyzing and positioning the geometry factor; topology requiring and analyzing 
between charts. 
 
 

THE RESEARCH OF EMBEDDED GIS 
 
The characteristic of Embedded GIS depends on the characteristic of the Embedded hardware and 
Embedded software.  
 
The characteristics of Embedded system are as follows: 
1. Embedded system applies Embedded CPU for special purpose. Most of the Embedded CPU 

is a compact, efficient, 32-bit RISC chip, which miniaturizes the Embedded design and 
reduces power consumption. 

2. Embedded system is integrated by computer, semiconductor, electron technology and specific 
application. 

3. Embedded system must be designed efficiently, in order to achieves the highest performance 
in the resource-restrained devices. 

4. Embedded software stored in ROM and run in SDRAM to improve system performance. 
5. Embedded operating system, such as WINDOWS CE and Embedded LINUX, is a 

microkernel, high real-time, resource-restrained, and full preemptive operating system. 
 
Therefore, the Embedded GIS should save memory capacity as possible as it can, meeting the 
request of the navigation system. It should reduce the redundancy of data and accelerate the 
inquiry of data, also facilitate the maintenance of database. 
 
 

THE IMPLEMENTATION OF EMBEDDED GIS 
 
As described in last section, the two Spatial Concept model does not fit to request of the new GIS. 
So we must design a new Spatial Concept model. A new composite orient-object data model is as 
follows. 
 
A layered vector graph structure is used in data model. Compared with grid graph structures, the 
vector graph structure can save a lot of memory capacity and reduce the time of require. In vector 
map, the operation of map objects become easy and the inherency relation of real geographical 
objects can be well reflected, because the connotative relation of map objects can be included in 
vector graph structure. The reason for using layer map is conveniently deal with the various 
geographical objects. There is a basic principle that different map object belong to different layer 
in layer map. When each map layer is display in an order, the whole map constructs as showed in 



  

figure.3. In the process of geographical information, the different map objects in different layer 
can be inquired in higher speed. 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 

Fig.3 The relation between various layers 
 
According to different object and different attribute of an object, we use different data model and 
coding mode. The principle is that topological relation data model is designed for the 
geographical attribute, while OO (orient-object) data model for other attributes. This model can 
meet the request of the embedded systems very well. The index mechanism and the applications 
module base on this model also satisfy the need of navigation systems. 
 
According to geometrical element, geographical objects are made up of five kinds of object: dot, 
line, region, label and complicated object. Complicated object derives from single object, 
including tow types that are single complicated object and mixed complicated object. Many same 
single objects construct single-complicated object, and many different single objects construct 
mixed complicated object. Many objects integrated together are called object sets, so there are 
five object sets. Usage of object sets is for the convenience of data storage and data management. 
Map layer is different from the object sets; map layer is the object sets that has graphic attribute. 
The relation of map layer and object sets is as follow: object sets storages the spatial data and 
attribute data, but map layer controls the display style and display operate attribute about object 
sets; a map layer correspond to a object sets, but a object sets correspond to several map layer. 
 
Different object types correspond to different tables. All of the object sets can be implemented as 
the table 1 showed. It should be pointed that organization and attribute field names in the space 
coordinate would be different for different types object sets. 
 



  

Object ID User ID Space info Relation  Attribute 1 Attribute n 

      

Tab.1 Data structure of all kinds of objects 
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Node information                               Shape point information  
Tab.2 Data structure of the road 

 
Because the GIS are designed for vehicle navigation system, the manipulation for roads is 
especially important and special. One node represents one road or cross of the road or point of the 
road. Shape points represent the curve attribute of the road. Table structure for road storage is 
shown as table 2. 
 
File and database mixture storage is preferred to, which means that space data store in the file 
system, while attribute data store in the object database. This technology can save storage space 
and improve query speed. Geographical data maintenance would be very convenient by this 
technology. 
 
When data are stored in certain format, access approach is first important to be concerned. How 
to efficiently access data needs to be deeply designed and organized. Considered the embedded 
GIS features and multi-storage media, we implement two access approaches. One is space index 
and the other is object-oriented access. As for space data, because they are stored as files by 
certain format, which means they have fixable field structure, space index is applied. One object 
sets corresponds to one space index and the entire object sets in the database and the 
corresponding space indexes correspond one top-level table. We can query space data for 
different objects by these indexes. As to non-geographical attribute, we use object-oriented access 
approach. These attribute are single object oriented and can be access as the approach to access 
relation database. Figure 4 shows such approach. 
 
Based on the data motel and index mechanism, we have finished the development of the whole 
system based on WINDOWS CE. Besides the GIS database, some applications modules based on the 
database have been realized that consist of the database information management module, geographical 
information inquiry module, the data processing and map matching module, the minimum cost paths 
search module and map display module. 

Node ID X  Y   Shape point ID X  Y  

       



  

 
 
 
 
 
 
 
 

 
 
   Fig.4   The data access of the GIS 

 
The data processing and map matching module correct the errors of positioning system, and 
matching the position (or trajectory) measured by a positioning module to a position associated 
with a location (or route) on a map provided by the digital map. The best route is generated based 
on a best route selecting algorithm by the minimum cost paths search module, and the user will be 
guided along the route with the positioning data.  
 
 

CONCLUSIONS 
 
The kernel and fundamental part of navigation system is digital map database and geographical 
information system. A good organization of map data may improve the performance of the whole 
system, and a functional GIS ensure the proper work of the other modules. 
By this time, we have completed the WINDOWS CE design of Embedded GIS based on the 
above scheme, and the LINUX product will be accomplished this year. The GIS on Windows CE 
is proved to be powerful, efficient, and reliable.  
This project is supported by Chongqing Bashan Instrumental Factory. 
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ABSTRACT 
       
The Vehicle Monitoring System based on GPRS is a system using GPRS network to transmit data, 
including location data, time data and so on .It has many advantages compared with those 
systems based on other communication modes. The key of the system lies in how to build up the 
connection with exterior data network. In this paper, the constitution of the system is introduced, 
and the course of building up connection with exterior data network is described in detail.   
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INTRODUCTION 
 

The Vehicle Monitoring System is the important constitution part of ITS (Intelligent 
Transportation System), which integrates GPS technology, wireless communication technology 
and GIS technology. The mobile terminal transmits some useful information to the Monitoring 
Center through the wireless communication channel. The monitoring center converts the 
information according to corresponding format and displays it on the digital map. By the system, 
users can not only monitor the vehicles but also acquire the real time information about the 
vehicles. The system has been widely applied in all kinds of departments, such as Police 
department. 
 
 

THE SELECTION OF COMMUNICATION MODE 
   
At present the communication modes of the Vehicle Monitoring System are as follows: general 
communication mode, trunking communication mode and GSM short message communication 
mode. The general communication mode belongs to early communication mode. The Vehicle 
Monitoring System based on the general communication mode adopts TDMA (Time Division 
Multiple Access) to avoid the interference between different vehicles. Each vehicle sends data 



according to the time slot distributed in advance by the Monitoring Center .The capacity of the 
system depends on the length of the time slot and the bandwidth of sending data, so it is only fit 
for the low capacity system. The Vehicle Monitoring System based on the trunking 
communication mode also selects TDMA as the data transmission mode. The trunking system 
belongs to the appropriate mobile communication system, so the covering area is not wide 
enough, which limits the scope of monitoring vehicles so much that it can not be satisfied by 
users. The Vehicle Monitoring System based on GSM short message mode has the shortcoming 
of long transmission delay when overmany users using the GSM network at the same time. 
Because of these shortcomings talked above, we decide to find a new communication mode to 
accomplish data transmission. After a period of research we believe using the GPRS network to 
transmit data is a better choice, which can overcome the shortcomings of other communication 
modes so as to perform monitoring better.  
    
 

THE INTRODUCTION OF SYSTEM SCHEME 
       
GPRS (General Packet Radio Service) is developed from GSM to meet the development of 
mobile data service, which possesses the characteristics of high transmitting speed, short 
accessing time and supporting IP protocols. Compared with GSM, two nodes are added to GPRS. 
The two nodes are SGSN (Service GPRS Support Node) and GGSN (Gateway GPRS Support 
Node). The SGSN is used for processing the service of packet data, such as selecting route, 
verifying identity, and so on. The GGSN is used to access exterior data network, such as Internet. 
The packet data including the location information is transmitted to the SGSN through wireless 
communication channel. The SGSN converts the format of the data and selects route to send it to 
the corresponding GGSN, and then it is sent to the Monitoring Center through Internet.    
 
GPS/GPRS Vehicle Monitoring System mainly consists of three parts: GPS part (including GPS 
receiver and antenna), GPRS communication part (including communication processor, GPRS 
wireless modem) and GIS processing part. The GPS receiver equipped by the vehicle can get 
location, time and other useful information. The communication processor receives the real-time 
information from the GPS receiver. The information will be packaged to IP data packages and 
then sent to the monitoring center through GPRS network. The center receives the data 
transmitted from the vehicle terminal and acquires the useful data from IP data packages, and 
then displays the data on the CRT.          
 

 
THE KEY OF DATA TRANSMISSION  

           
The key of constructing the system lies in how to access GPRS network and how to utilize GPRS 
network to visit exterior data network. The accessing course of GPRS network is called 
attachment course. In the course of attachment the mobile terminal registers its information in 
SGSN. If the mobile terminal wants to visit exterior data network, the course of activating PDP 
(Packet Data Protocol) context is needed, through which a logic routeway used to visit the 



exterior data network can be built up.  
        
The attachment course of the mobile terminal can be completed automatically by the GPRS 
wireless modem of the communication part, so the only thing that should be concerned is how to 
initiate the course of activating PDP context .The activating course is always accomplished by the 
communication processor of the communication part. The communication processor is the core of 
the vehicle terminal equipment, which can be regarded as the TE (Terminal Equipment) .We also 
need the MT (Mobile Terminal), which is a wireless modem. Here we select the G18 wireless 
modem made by Motorola. We use it to build up the connection with exterior data network. 

 
 

HOW TO BUILD UP CONNECTION 
   
Before describing the activating course in detail, I want to introduce some protocol .The course is 
involved in some protocol, such as PPP (Point to Point Protocol), PAP (Password Authentication 
Protocol), LCP (Link Control Protocol), NCP (Network Control Protocol), GTP (GPRS Tunnel 
Protocol), UDP (User Datagram Protocol) and TCP (Transmit Control Protocol). These protocol 
are described as Figure 1 
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                        Figure 1  The Protocol Layer Involved  
The course is described as follows: 
 
 The TE sends an AT-command to the MT including the APN (Access Point Name) which the 

user wishes to be connected to. 
 The TE sends a PPP LCP frame, which indicates that PAP will be used for authentication in 

PDP context activation. In the frame all other LCP options except Max-Rec-Unit are not 
applicable in the first phase of GPRS. Then the TE starts PAP authentication, the MT stores 
the ID and the Password and acknowledges the PAP authentication. 

 The TE requests IP configuration by sending the NCP-IPCP (Internet Protocol Control 
Protocol) configuration-request frame to the MT indicating that an IP-address shall be 
dynamically allocated.  

 The MT sends the Activate PDP context request message to the SGSN. This message 
contains an Authenticate request and contains a protocol options list. SGSN checks the 
PDP-type, APN and QoS (Quality of Service). The APN is translated via a DNS-server being 



parted of IP-backbone to a GGSN, which connects to the ISP or to the Intranet. The SGSN 
sends the Creating PDP context request message to the chosen GGSN including the 
unmodified Configuration request and Authenticate-request option list. 

 The GGSN deduces from the APN, RADIUS (Remote Authentication Dial In User Service) 
for authentication and DHCP (Dynamic Host Configuration Protocol) for host configuration 
and address allocation. A RADIUS access request message indicating that authentication 
shall be used only is sent to the RADIUS server. This message uses the ID and Password 
received in the Authenticate-request from the MT. After successful authentication, the DHCP 
client receives host configuration data. Host configuration options are treated as above. 

 The GGSN sends back to the SGSN a Creating PDP Context Accept message, containing the 
protocol configuration-ack option list. 

 The SGSN relays the protocol configuration-ack option list to the MT in the Activate PDP 
Context Ack together with the negotiated QoS.  

 The MT sends the NCP-IPCP configuration ack back to the TE, including the allocated 
IP-address and the TCP/IP header compression indicator. 

 
Then the link from the TE to the external ISP/Intranet is established. IP packets may now be 
exchanged. After having completed the activating course, the channel between the mobile 
terminal and the exterior data network has been built up, the terminal can communicate with the 
Monitoring center though the IP package.  
 
 

CONCLUSIONS 
 
In our point view, transmitting data through GPRS network has the advantages of high 
transmitting speed, low error probability and short transmission delay, so the Vehicle Monitoring 
System based on GPRS should be the most optimized choice at present. The demo system 
designed for the Hongkong Kowloon Bus Ltd. has verified it by the practice.    
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ABSTRACT 
 

This paper introduces the essential points for designing a navigating system, and describes the 
modules of a typical vehicle navigator. This paper also gives a practical navigator example. Some 
experience for design is also mentioned. 
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INTRODUCTION 
 

This project is collaborated with Banshan Instrumental Factory. GPS (Global Position System) is 
designed for American army and also applied in civil field. As one application for GPS, vehicle 
navigator is more and more popular in the life. Based on advanced embedded system and GPS 
OEM board, navigator can be designed with many features, such as navigation, information 
querying, and wireless communication. As such complicated system, many considerations should 
be concerned. For example, does the navigator run on an OS (Operation System) or just on a single 
application? How to store digital geography data and how to update when needed? Needs power 
consumption to be considered? Graphics feature is very important, and how to design a powerful 
display system? All of those points are described in details in the following paper. Also, wireless 
communication and Anti-theft feature is added to vehicle navigator. 
 
 



NAVIGATING SYSTEM CONSIDERATIONS 
 
Vehicle Navigator is a comprehensive system, including GPS/DR data receiving and processing, 
positioning, dynamic navigating and wireless communicating. Single navigating application 
without OS is not proposed, because it is not reliable and flexible. When some new features need 
to be added, single application can’t be easily satisfied request. For nowadays, many popular 
embedded OS can introduce into navigating system, such as Windows CE, palm OS and 
embedded Linux OS. Based on those OS, there are many APIs (Application Program Interfaces) 
that can be provided to users. Vehicle navigator hardware system built on popular OS is a typical 
embedded system, which provides MMU (Memory Management Unit), OS timer, input and out 
device, GPS and wireless module, for positioning and communicating use. 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1 System Structure 

 
Structure of vehicle navigator, which here means device framework, placement, electric 
connection with automobile and appearance, should be much considered. It determines whether it 
is a practical or successful appliance. Mostly, there are two styles of vehicle navigator, separation 
framework and combination framework. Separation framework means display panel is separated 
from mainframe. Display panel is placed on the top of front panel in the automobile, while 
mainframe is inside or on a corner of the car. Combination framework means that display panel 
and mainframe are integrated. They are inside in the front panel of automobile and display panel 
stretches out automatically when navigator is on. There are different advantages for those two 
choices. Combination framework is much harmonic with automobile and save space, but more 
work is required for reconstructing the front panel of the motor. Separation framework has more 
flexibility and can be easily designed. 
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Antenna should also be much considered. Vehicle navigator applies in the big city, which means 
there are many skyscrapers and cloverleaf junctions. Shelter effect for the antenna is very common, 
so low noise and high gain antenna is recommended. The placement of antenna is also important. 
Outside antenna would bring the best effect, but it may suffer from damage. Inside antenna is 
much safe, but shelter effect is much serious.  
 
Vehicle navigator system structure is shown as figure 1. 

 

 

DATA MANIPULATION MODULE 
 

Data manipulation module includes CPU, SDRAM and FLASH memory. This module would 
manipulate data receiving, processing, navigating route computing and display refreshing. 
Powerful computing and processing capacity is required. 
 
The Intel® StrongARM® SA-1110 Microprocessor (SA-1110) is a highly integrated 
communications micro controller that incorporates a 32-bit StrongARM® RISC processor core, 
system support logic, multiple communication channels, an LCD controller, a memory and 
PCMCIA controller, and general-purpose I/O ports. There are 16 Kbyte instruction cache, an 8 
Kbyte write-back data cache, a minicache, a write buffer, a read buffer, and a memory 
management unit (MMU) combined in a single chip. The SA-1110 is software compatible with the 
ARM V4 architecture processor family. Its clock frequency arrives up to 206MHz, which can do 
high capacity data manipulation.  

   

Figure 2 SA-1110 Features 

 



The SA-1110 can interface with ROM, synchronous mask ROM (SMROM), FLASH memory, 
SRAM, SRAM-like variable latency I/O, DRAM and synchronous DRAM (SDRAM). OS needs 
MMU and OS timer for multi-thread appliance. System and application programs would like to be 
stored in the non-volatile memory and run in fast memory. Considered that High performance is 
the first thing in navigating system, Flash memory is the better non-volatile memory choice, while 
SDRAM is the fast memory choice for navigating system.  
 
Generally, embedded Linux OS needs 4Mbyte capacities while Windows CE needs 12-14Mbyte 
capacities (These capacities would bring good system performance). Considered expansibility, 
navigating system data manipulation module consists of SA-1110, 32Mbyte Intel Flash and 
32Mbyte SDRAM (124MHz frequency). 
 
 
 
 
 
       Figure 3 Data Manipulation Module structure 

 

 

INPUT/OUTPUT MODULE 
 

Input/Output module includes 2D accelerating chip, CODEC audio chip, LCD panel, touch panel 
and remote panel. There is a built-in LCD controller inside the SA-1110. It can interface with STN 
and TFT LCD panel. There are two reasons to discard that built-in LCD controller. One is that the 
refresh speed for 640 x 480 pixel TFT LCD panel is slow, especially when many figures require to 
be redrawing, or zoom in or zoom out operation is begin. The other reason is that TV/CRT signal 
is required; because TV/CRT interfaced LCD panel is much cheaper than TFT or STN LCD panel. 
 
In order to improve 2D graph feature, Epson S1D13806 accelerating chip is selected. The 
S1D13806 is a highly integrated color LCD/CRT/TV graphics controller with embedded memory 
supports a wide range of CPUs and display devices. The S1D13806 architecture is designed to 
meet low cost, low power requirements of embedded markets, such as mobile communications, 
hand-held PCs. The S1D13806 supports the SA-1110. Vehicle navigator supports three interfaces 
(LCD/ CRT/TV) at the same time through one connector. Users can choose different cable to 
connect different display devices. 
 
Input module consists of touch panel and remote panel. In general, users use remote panel to 
operate navigator. When using query function, touch panel may be a good input device. Remote 

SA-1110
32Mbyte 
SDRAM 

32Mbyte 
Flash 



panel communicated with the SA-1110 through IrDA (Infrared Data Association). As a flexible 
appliance for SA-1110 built-in IrDA interface, Complex IrDA data protocol is dismissed and 
General UART (Universal Asynchronous Receiver and Transmitter) port is preferred to. UART 
protocol and Infrared LED are used to implement wireless communications. As the result, remote 
panel consists of a MCU (51 series microprocessor) and an Infrared LED.  
 
The SA-1110 supports CODEC interface, which can be used to interface with audio and touch 
screen chip. Philips UCB1300 integrated mixed signal audio and telecom CODEC, 4-wire 
resistive touch screen interface. The UCB1300 provides touch screen and audio for vehicle 
navigator. 
 
In addition, audio is used to remind users when automobile should turn left or right or go through a 
cross of the road. 
 
 

DIGITAL GEOGRAPHICAL INFORMATION STORAGE MODULE 
 

Traditional navigator prefers to CD ROM as information storage device. The advantage for CD 
ROM is huge capacity and supported by computer. But as an automobile device, navigator should 
be little, robust and portable. CD ROM is not very well in that situation. And, additional CD ROM 
controller is needed. 
 
The SA-1110 provides PCMCIA (Personal Computer Memory Card International Association) 
interface. CF (Compact Flash) card protocol is a subset of PCMCIA. Generally, CF card is 
preferred to install on embedded system for it is thinner and less than PCMCIA card. There are 
many kind of CF card, such as memory card, Ethernet card. CF Memory card capacity arrives up 
to 256Mbyte nowadays. Digital geographical information can be stored in CF card if the 
information structure is high efficiency and not too complex. One City Road information is stored 
in one CF card (16Mbyte is enough for general use and if necessary, high capacity CF memory 
card can be chosen). When users get to another city, they can alternate different CF cards, which 
are much more portable and convenience for use. 
 
 

POSITION INFORMATION RECEIVING MODULE 
 

GPS/DR module is the position information source for vehicle navigator. Generally, GPS 
positioning error is between 5 to 20 meters when there is no SA (Selection Availability). The 
positioning precision is a little bigger than road information. It is well known that perhaps there is 



more than one road inside a 20-meter radius circle in a big city. Digital map matching arithmetic is 
preferred to in the vehicle navigator. Also, shelter effect by cloverleaf junctions and skyscrapers is 
very serious in the city. Sometimes, digital map matching arithmetic has no effect when GPS can’t 
position for a lone time. DR (Dead Reckoning) is a supplement for GPS. Gyro and speed pulse 
signal from automobile can be applied to compute current position. 
 
The SA-1110 provides 3 serial ports (UART compatible protocol). One is used for receiving 
remote panel signal through Infrared LED. Another can be used to interface with GPS/DR OEM 
module and the third is used for GSM/GPRS module.  
 
GSU-15 OEM module is made by Japan KODEN Company, which provide RS-232 interface to 
communicate with CPU. It receives GPS signal, gyro and speed pulse signals from automobile and 
outputs GPS/DR data structure through RS-232. Also, it can implement DGPS. In this design of 
navigator, a level transfer chip should be applied to complete the interface with UART and 
RS-232. 
 
 

WIRELESS COMMUNICATION MODULE 
 

Wireless communications is popular nowadays, especially in embedded system. Combined with 
automobile electric system, vehicle navigator can be implemented anti-theft feature through 
wireless communications. For example, startup signal can introduce to navigator and navigator 
would judge whether it is a legal user. If not, navigator can send message to user’s mobile phone or 
other wireless device. Of course, this feature can be implemented under the condition that 
navigating system never shut down and it just fall in sleep state. Also, wireless communications 
and wireless Internet can be provided as a supplement feature for the navigator. 
 
GSM or GPRS module can be applied. Voice feature is not a good choice for navigator, while data 
transmitting is preferred to. In this case, GPRS is better than GSM for it provides much wider 
bandwidth and always online and compatible with GSM. If there is no GPRS network, GSM is the 
only choice. 
 
As mentioned in last section, The SA-1110 provides UART port to interface with GSM or GPRS 
module. Motorola D10 GSM module or G18 GPRS module is the alternate choice. All of the data 
stream can be communicated with CPU through serial port. 
 
 

POWER SYSTEM MODULE 



 
As an automobile device, it requires low power consumption. 12Volt power source in the mobile 
should be transferred into several kind of level. In order to implement sleep state, not shut down 
for the system, Li-ion battery is introduced. 3.3Volt and 1.75Volt power satisfied with the SA-1110. 
GPS module, GSM/GPRS module and LCD panel require 5Volt power, while all of the other chips 
and peripheral devices are 3.3Volt compatible. In order to save power, every module requires 
independent power system. In this case, program can shut down unused devices. When vehicle 
navigator is in sleep state, it shuts down all of the modules except data manipulation module, 
which constructed by CPU, SDRAM and Flash memory. The SA-1110 is in sleep mode and 
SDRAM is in self-refresh states. The entire system power is less than 20mA. When necessary, 
navigator can be awaken and start up peripheral devices. 
 
The SA-1110 provides 28 general-purpose I/O ports. Every I/O can be triggered by rising or 
falling edge. Navigator can applied these I/Os to control peripheral devices. The entire power 
system module includes data manipulation module power system, display module power system, 
CF card power system, wireless communications module power system and GSM/GPRS module 
power system. CPU independently controls all of the power systems through power management 
chips. 
 
 

CONCLUSIONS 
 

Nowadays, road information is become more and more complex. As China economy increases 
rapidly, Automobiles and traveling have got into common citizen life. There are huge markets in 
China for vehicle navigator. Up to now, there is not a practical navigator in the market. Combined 
with embedded system and OS, Design for vehicle navigator becomes much easier. Practical 
vehicle navigator would appear in the near future. This project is supported by Banshan 
Instrumental Factory. 
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ABSTRACT 
 
Advances in several related technologies have brought together the previously incompatible goals of 
incorporating as much COTS technology as possible into the telemetry data recording architecture, 
providing operators with the kinds of real-time graphical data displays that they are accustomed to, 
and allowing these same data display systems to share data across a network and write to common 
database files accessible from centralized workstations. 
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INTRODUCTION 
 
Paper-based chart recorders have long been the staple of flight test telemetry stations. In recent 
years, advances in A/D technology, CPU, and printing technologies have allowed recorders to 
become more and more computer-like, incorporating many new capabilities and advantages. Today, 
most chart recorders accept both analog and digital input data, process all data digitally, have some 
kind of video monitoring display capability. Although they mimic computers, they are still built on 
proprietary hardware, and cannot run Windows applications. The purpose of this paper is to 
introduce a completely COTS (Commercial, off-the-shelf) based telemetry recorder – and to review 
its capabilities and benefits to today’s telemetry station. 
 
 

SECTION 1 – SYSTEM OVERVIEW 
 
COTS computer architecture offers a host of advantages to the user, including inexpensive upgrades 
as computer technology moves forward in CPU speed, memory, long term data storage, and overall 
processing power.  The basic architecture of the system looks like this: 
 



 
Figure 1 – Basic System Architecture 

 
Data can be input as analog voltages, or already digitized via a variety of formats and protocols. Off-
the-shelf PCM data input cards can be added to the system, as long as they are standard formats such 
as PCI, PXI, PCM-CIA, USB, IEEE-1394 Firewire, and other standardized formats as they emerge. 
Analog data is routed through signal conditioners which provide 1000Vrms of isolation channel-
channel and channel-ground. Signal conditioners are single-channel and completely modular. They 
can be plugged/unplugged without powering the system down. 
 
Once past the analog front-end, the system is completely COTS, based on industrial grade off-the-
shelf computer components, including an Intel Pentium CPU motherboard or slot CPU and PCI 
backplane. Analog data are digitized using a PCI A/D board from a major supplier for ease of 
upgrade and replacement. Digital and analog data are processed by the CPU and software, and 
displayed on a flatpanel display. See Figure 2 for an example of the display. 
 
 

SECTION 2 – DATA VIEWING 
 
The size and resolution of the display are extremely important, because this display replaces the 
vestigial chart paper. The operator must be able to monitor the data using this display, so there can 
be no compromises. A display of at least 18” is very adequate, and will still fit within a standard 19” 
rack enclosure. A resolution of 1280x1024 or better is important to providing the kind of display 
resolution that is required for chart viewing. 
 
Emulating the traditional chart recorder display with it’s 8 vertical traces, is critical to operator 
acceptance. Of course, a wide variety of other displays can also be used, including digital meters 
with a video image behind it, a high-speed scope, an FFT analyzer, X-Y plots, and more. The 
recorder display can be stopped at any time while data recording continues in the background, and 
rewound to show data recorded 5, 10 or even 20 minutes earlier. Zooming can be used freely to 



expand both the time and amplitude axes. Even when the screen is stopped, small meters above each 
trace continue to show the real time activity of each input, including alarm and min/max levels 
reached. 
 

 
Figure 2 – Main Recorder Display 

 
 

SECTION 3 – PAPER OUTPUT 
 
Paper is not absent from the system, of course, and can be printed in via any printer available, local 
or network. Special thermal array media is not required, and data can be printed in full color. Charts 
can be printed at any time during recording, or afterwards. Paper output can be made in single-sheet 
format, or in series of sequentially-numbered sheets. See figure 3 for an example of a single-sheet 
on-screen preview: 
 



 
Figure 3 – On-screen paper output preview 

 
 
 

SECTION 4 – NETWORK-BASED OPERATION 
 
Rather than have operators frantically trying to set up each recorder before and between missions, 
then start and stop them manually, they can be networked together . A high-speed Ethernet 
interconnection is allows the systems to be controlled from a central station, to share common 
reusable setup files, and to write data to a common database. From a central workstation, an operator 
can monitor one or more recorders, picking channels from them or displaying the entire screen from 
any of them for remote viewing. If a central station is not available or desirable, recorders can write 
data independently to their own hard disks, internal or removable.  
 
A demonstration of client/server capability will be demonstrated during the paper presentation, 
where data being recorded on one or more machines will be shown on a central client workstation. 
 
Post-mission data export and analysis is facilitated by the open-architecture/COTS nature of the 
telemetry data recorder, and the ability to review any aspect of the data off-line both graphically and 
by entering a specific time-code is shown. Export to a variety of standard data file formats is 
provided, including MATLAB™, Excel™, I-DEAS™, ASCII, and more.  
 
 



CONCLUSION 
 
Ground stations can save considerable time and money by utilizing COTS computer-based data 
recorders. COTS systems accept all manner of PCI and open architecture PC hardware, including 
some that have already been the object of large capital investments. Aside from the initial cost 
savings due to their lower costs, COTS systems will pay dividends well into the future due to their 
ease of upgrading. 



MAGNETIC TAPE CARE & RESTORATION 
 
 

Jim Wheeler, BSEE 
Forensic & Archival Tape Engineer 

Tape Restoration & Forensic Services 
1732 Tierra Nueva, Oceano, CA 93445 

 
 
 
 

ABSTRACT 
 
For the past thirty years, many people around the world have been engaged in studies to determine 
how long tape will last. We have learned how to extend the life of tapes but no one has come up with 
a method for predicting the life of a tape.  
 
This paper will summarize the present-day recommended practices for tape care and storage and will 
also describe the most common tape problems and how to overcome them. 
 
The most common problem with playing an old tape is finding a machine to play it. Machine 
obsolescence is probably a bigger problem than tape degradation. 
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Introduction 
 
Many people have the belief that magnetic tape will not last very long. This is based partly on the 
idea that tapes can be erased and partly on the fact that flimsy audio cassettes don't survive on the 
dash of a car very long. The problems with playing old tapes have to do with how the tape was 
manufactured, how it has been stored, how well the playback machines are maintained and the basic 
format itself. 
 
The first magnetic recording of voice was by a Danish Physicist named Vlademar Poulsen in 1898. 
By 1900, Poulsen was producing wire recorders but the Edison Cylinder had already won the first 
Format War. In 1934, the German mega-company, IG Farbin, decided to develop magnetic tape at 
its BASF facility, and AEG (the German version of GE) agreed to make a tape recorder. The product 
was the Magnetophon.  After WWII, a couple of U.S. Army officers took some Magnetophon 
machines and tapes back to the United States. This resulted in U.S. companies making tapes and tape 
recorders by 1947. The Magnetophon used 6.5 mm wide tape running at 77 cm per second. Harold 
Lindsay, the engineer who built the first Ampex tape recorder, thought the Magnetophon tapes were 
recorded on 1/4" (6.35 mm) wide tape running at 30 ips (77 cm/sec=29.6 ips), so those are the 



parameters he used. Close enough! It's amazing how this became the basic standard for audio, video 
and instrumentation tape recorders. 
 
I have 31 of these Magnetophon tapes which were made in 1943. You can see pictures of three of 
them on-line at "www.richardhess.com". Although some of these tapes looked like they were in bad 
shape, a little work on them made them all play just fine. These are recordings of some ABC Bing 
Crosby shows and the Philco hour with Burl Ives made in 1947 and 1948. They are probably the 
oldest High Fidelity recordings in the world. 
 
The point here is that the actual tapes are 59 years old and still play at proper levels. So, the age of 
the tape is not the major factor. These tapes have been kept at normal room environments since 
1945, so the environment was not critical for them. 
 
The factors that have saved these recordings are:  

• These tapes were well made by BASF/Agfa.  
• The format is robust.  
• 1/4" pro audio tape recorders are still being used all over the world and are still being 
manufactured. 

 
 

Extending the life of your tapes 
 
We now know that some tapes can last several decades but how can we be sure that we can play our 
present tapes in ten or twenty years? Here are some suggestions for making that very likely: 
 

1. Because you have no idea how well your tapes were made, it is best to store them in a 
cool/dry environment. 60-70 degrees Fahrenheit and around 25 percent Relative Humidity are 
ideal. 
 
2. Keep your playback machines maintained and buy a couple for spare parts. 
 
3. Be sure that you have all the technical manuals for the machines and that you know where to 
get hold of a knowledgeable repairman. 
 
4. Read the brief Dos and Don'ts in the attached List. These are generic and were written for 
audio and video tapes but they give you the basic ideas. 

 
 

The major problems with tapes 
 
Since mag tape first started being produced in large quantities in 1948, there have been several 
different types of basefilms, magnetic particles, and binders. Combine that with ever-changing 
formulations by all of the tape manufacturers, and we have a very difficult task in establishing a few 
general guidelines to restore tapes with problems. 
 
The most common problems with tapes are: 

1. Sticky-shed 



2. Edge damage 
3. Poor interchange 
4. Lubricant loss 
5. Erasure 
6. Fungus 
7. Water damage 

 
1--Sticky-shed 
This shows up as a powder that clogs heads or as a sticky residue that stops the tape from 
playing. It can be countered by placing the tape in a zip-lock bag with desiccant for a few 
weeks. Isolate the tape from the desiccant. I place tapes in my refrigerator (not the freezer) to 
speed up the process. This rejuvenation may last only a few weeks but it can be repeated many 
times. 
 
Sticky-shed is caused by binders that react with water, causing long-chain molecules to break 
down and float to the surface of the tape. Removing the water re-builds long molecules that 
cross-link so that the binder is rejuvenated. 
 
2--Tape edge damage 
The good news about polyester basefilm is that its shape can be changed. A tape with a 
stretched edge should be spooled onto a reel at a speed between 20 and 50 ips. At these speeds, 
air film between layers should be minimal but enough to pack the tape flat on the take-up reel. 
Once the tape is fully on the take-up reel, check that the edges of the tape are now flat. Then 
place it on a slab of wood about 4" x 4" and place both in an oven at 100-110 degrees 
Fahrenheit. After a few hours, turn the oven off and let the tape cool to room temperature for a 
few hours. The basefilm should be flat. If not, repeat the process using another tape machine. 
 
3--Poor Interchange 
This may be just a matter of adjusting the tracking control or finding a machine that will play 
the tape properly. In a worse case, tape guides may have to be realigned especially for this 
tape. 
 
4--Lubricant loss 
This usually occurs only with tapes made in the fifties. Loss of lubricant will cause the tape to 
squeal or stop. A tape suffering from binder breakdown (sticky-shed) will also squeal or stop. 
To determine which it is, play the tape for a few minutes, stop the tape and look at the fixed 
heads. If they have a lot of sticky gunk, the cause is binder breakdown--sticky shed. If the 
heads are reasonably clean, the problem is lack of lubricant. 
 
For fixed-head machines, a lubricant made by the LAST Factory in Pleasanton, Calif can be 
used. For rotary-head machines, the LAST lubricant must be placed on fixed heads located 
after the rotary heads to prevent the rotary heads from wiping the lubricant off. Also for rotary-
head formats, try the tape on different machines and use the one with the lowest tape-path 
friction. Also, try lowering the tape tension. 
 
5--Erasure 



No cure for this problem. We still don't know what was erased on the 18 1/2 minute section of 
the Nixon White House tapes.  Make sure that it won't happen again by using a key-lock to 
prevent the machine from recording. 
 
 
6--Fungus 
This is uncommon in the U.S. except for tapes that have been in water. Some fungi are 
dangerous and should be handled only by a tape restoration expert. Call the Association of 
Moving Image Archivists (AMIA) in Hollywood for names of tape restoration companies in 
the U.S. 
 
7--Water damage 
Do not play a water damaged tape on a machine until the tape has been thoroughly dried 
because the tape will stick to guides and can rip off the magnetic coating. 
 
If a Metal Particle (MP) tape has contacted water, rinse it in cold, distilled water. 
 
Other types of tape are not harmed by the chlorine in the water so distilled water is not 
required, but is recommended. If the tapes have been soaked in water, it is best to rinse the 
debris off them and keep them in cold water. They will survive for years if the temperature is 
less than 43 degrees Fahrenheit. The reason for keeping wet tapes wet is to prevent fungus 
from growing until the tapes can be dried. 
 
ASAP, contact a tape restoration company to dry the tapes. 

 
 

Obsolescence 
 
Tapes, DVDs, CDs, and HDDs, each have their niche markets. Hard Drives can now store 400 
GBytes on a single disk, DataTapes can store 200 GB and the latest DVD format can store 25 GB. 
All of these media will be around for a long time, but formats will continue to change. Evolution is 
the nature of the high-tech industry. Ten years ago, I was still using 5 1/2" floppies. Than it was 3" 
floppies, than CD-ROM, and now it's DVD-ROM and Flash Memory. That's five popular formats in 
only ten years! 
 
Equipment obsolescence is a major archival issue. In my opinion, having a playable tape in 20 years 
is far more likely than having a properly functioning machine to play it on. If you plan to keep old 
format tapes for a long time than you had better develop a plan for maintaining the playback 
equipment. This is true for software as well as hardware. 
 
 

Problems with recent tape formats and Long-life 
 
Just because a tape produces a nice picture or low error rate today does not give assurance that it will 
perform okay a few years from now. Besides the basics like how the tape was made and how it was 
stored, you must also consider the following. 
 



The biggest problem is the thin basefilms being used today. Yes, they are stronger than Mylar but 
the "Saran Wrap quality" makes it very difficult for a tape restorer if the tape is ever damaged. I can 
work with 12 micron tape but not with 8 micron. 
 
Compression can be a problem in recovering data from a damaged tape. This depends on the type of 
compression and whether tricks like error concealment are used. With the higher packing density 
media now available, compression is not always required. 
 
Another possible problem is the high packing densities being used. This is a format and/or machine 
manufacturer issue. If the format has been carefully developed and the manufacturer is using a 
clever tracking method, this should not be a problem. 
 
 

Conclusion 
 
Develop a plan for maintaining your equipment and keeping old software. 
 
Read and follow the Dos and Don'ts. 
 
In my 40 years as a tape and tape recorder design/test engineer, I have never had a tape that I could 
not play. The fact is, tape is very durable and cheap. It is hard to beat the price of blank VHS tape at 
$2 for six hours of video. 
 
Tape will be used in several niche markets for many more years. 
 



Dos and Don'ts 
 
 
Do  
 
• Learn and use correct procedures for operating equipment. 
• Handle tapes gently. 
• Keep tapes in protective cases when not in use. 
• Keep tapes vertical when not in use. 
• Make sure machine alignment is correct before use. 
• Clean tapes before playback if they show any evidence of dirt or contamination. 
• Ensure that the tape is properly seated in the machine before use. 
• Wind tape at low speed (library wind) entirely onto one reel after use. 
• Leave analog audio tapes on the take-up reel after use (tails out). 
• Secure tape ends on open reel tapes. 
• Package tapes adequately for protection before shipment or transport. 
• Use only new tape when recording an archival tape. 
• Activate the Record Protection feature of all master cassettes immediately after they have been recorded. 
• Inspect tapes for damage or contamination before use. 
• Seek experienced help as soon as possible in the case of a disaster. 
• Protect both tapes and machinery from dust and debris. 
• Keep tapes in a stable temperature and humidity. 
• Acclimatize tapes before use if they are hot or cold. 
• Store tapes in a cool and dry place; see ISO 18923 or SMPTE RP-103. 
 
 
Don't 
 
• Do not touch tape surfaces with bare hands. 
• Do not put pressure on reel flanges. 
• Do not stack or place objects on top of unprotected tapes. 
• Do not force tapes into cases or machines. 
• Do not drop or throw tapes. 
• Do not splice any portion of a video tape. 
• Do not place tapes on or near sources of magnetic fields. 
• Do not play or spool tapes that are dirty, contaminated or wet. 
• Do not play or spool tapes on a dirty, misaligned or malfunctioning machine. 
• Do not store tapes in an area subject to dampness or possible pipe leaks (e.g., basements). 
• Do not expose tapes to food or beverages. 
• Do not expose tapes to temperature extremes. 
• Do not expose tapes to UV radiation, including the sun, for extended periods. 
• Do not attempt to clean tapes contaminated with adhesives, fungi or unknown substances unless you 
have the necessary experience or training. 
• Do not expose tapes to high power biological decontamination scanners.  High levels of radiation can 
produce sufficient heat which can melt or deform tapes or their plastic containers. 
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ABSTRACT 
 
For the last 30 years Magnetic Tape Systems have been the primary means of recording data from 
airborne instrumentation systems. Increasing data rates and harsh environmental requirements have 
often exceeded the ability of tape-based systems to keep pace with platform technology. This paper 
examines operational and data reduction benefits when employing the IRIG 106 Chapter 10 Solid 
State Recorder Standard introduced by the Range Commanders Council (RCC) Telemetry Group 
(TG).  The Standard and this paper address media formatting, data formatting for a variety of 
different data types, data downloading, and data security, along with serial command and control and 
discrete command and control of the recorder.  This paper also addresses software data processing 
and raw data reconstruction of Chapter 10 data.   
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INTRODUCTION 

 
In the late 90’s the 46 Test Wing Flight Test Division found itself no longer able to support its 
customers with traditional tape based recorder systems. Increasing data rates and harsh 
environmental requirements exceeded the ability of tape systems to keep pace with technology. 
Finding it no longer acceptable to risk missions due to limitations of commercial off the shelf 
devices, the 46 TW Instrumentation Division abruptly changed the method by which data was 
collected and adopted a Solid State Recorder (SSR) as a means of providing on board aircraft data 
recording. With change came the realization that traditional means of data encapsulation, 
reproduction, media declassification, and archiving were no longer applicable. A non-proprietary 
method of data encapsulation as well as method of controlling and generating archive media was 
needed. A digital data acquisition Solid State Recorder Standard was required allowing for 
multiplexing of multiple data streams while maintaining accuracy of data correlated with time.  
Specifically, a Solid State Recorder standard was required that was compatible with the multiplexing 
of both synchronous and asynchronous digital inputs such as Pulse Code Modulation (PCM) and 



MIL-STD-1553 asynchronous data bus, digital voice, time, discrete, Video, analog, and RS-232/422 
communication data.  
 
Facing the prospect of proliferation of non-compatible solid- state formats, the 46 Test Wing Flight 
Test Division sought the help of the Range Commanders Council (RCC) Telemetry Group (TG). 
The RCC was established to promote inter-range operability and commonality among the DoD test 
ranges. These ranges mostly members of the Major Range Test Facility Base (MRTFB)  support 
the RCC with membership in its several technical groups.  The telemetry group (TG) is primarily 
concerned with the transmission, acquisition, recording, and processing of data from aeronautical 
test of aircraft, missiles, unmanned aerial vehicles (UAVs), projectiles, ground vehicles, sea 
vehicles, and other test platforms.   
 
In the past the RCC TG had formed an ad-hoc committee to develop a computer compatible digital 
data acquisition standard. This product was documented as IRIG 107 (also known as Consultative 
Committee for Space Data Systems (CCSDS) format).  Several factors prevented this standard from 
achieving any range interoperability.  The failure of the DoD to enforce RCC guidelines in DoD 
5000, undefined areas in the standard, and the quickly evolving memory technologies all led to the 
ineffective status of IRIG 107. With a critical need to support test programs at Eglin AFB and 
Edwards AFB, a new Solid State Recorder Standard was drafted resulting in the IRIG-106 Chapter 
10 standard (pink sheet status). This paper describes the major attributes of the IRIG-106 chapter 10 
Standard as drafted by RCC TG Recorder Reproducer Committee.   
 

Existing Standardization Initiatives   
 
The Recorder and Reproducer Committee of the RCC-TG, the originators of the proposed IRIG 
Chapter 10 Part I SSR standard, has followed the progress of the NATO Advanced Data Storage 
Interface (NADSI) standard, the NATO Standardization Agreement (STANAG 4575).  The NADSI 
defines the standard for an interface to promote interoperability and to provide basic retrieve 
capability within a set of defined constraints for the exchange of data among North Atlantic Treaty 
Organization (NATO) Intelligence, Surveillance, and Reconnaissance (ISR) Systems.  Many 
features of this standard have been incorporated into the pink sheets for the RCC-TG’s Chapter 10, 
specifically:  
 
 

 Transfer port for a memory module, which will download any data on a file-by-file basis or 
the full contents of the memory module to any NATO ground station. 
 Download rates up to the NADSI limits with no loss of data or data integrity. 
 Command and Control protocols   
 Straightforward directory and file structure that must be accessible through the NADSI 

interface   
 Fibre Channel-Arbitrated Loop with metal conductors as the interface protocol. Include set-

up information, using the SCSI block protocol, and a file system like UDF2.0 or ECMA 167. 
 Include additional SSR related commands such as block size. 
 Recommend power be +28VDC, +12VDC,  +5VDC, +3.3VDC, and +1.8VDC 

 



A removable memory module (RMM) of the airborne recorder can be removed and attached to a 
ground station to allow access to the reconnaissance data.  The interface defined in this STANAG 
provides a common connection that can be used with this RMM for most technologies. It is 
noteworthy to mention that the Recorder and Reproducer Committee felt the I/O connector 
recommendations in NADSI are too limiting and restrictive, i.e., the NADSI recommends a single 
D50 connector for power and data. 
 
 

Declassification  
 
NADS TST also addresses and has identified the declassification of solid state, RAID and other 
advanced recording technology memory elements as an important issue for the successful 
implementation of the NATO Advanced Data Storage Interface with NSA.  The US and other 
potential users of this standard have raised the issues of declassification, reuse options and 
applicability of the erase function and format function.  Erase times for the advanced technologies, 
which incorporate current recorder capacities can be significant.  New procedures are required for 
implementing these sanitization recommendations.  Command infrastructure and functional 
capability to perform the necessary operations need to be established in any system that is required 
to declassify data storage elements. 
 
US documents such as NSA-130-2, DOD 5220.22 and DCI-116 historically covered declassification 
guidelines/requirements.  These documents were focused on declassification of conventional 
magnetic memory technologies.  The technology research and the development of suitable data 
sanitization methods and procedures, such as those that exist for magnetic tape and disks, is part of 
the NSA charter.  With the advent of advanced, high-density memory technologies, additional 
guidance must be provided.   Two interim guidelines, a 1998 revision of NSA/CSS 130-2 and a C32 
Technical report from NSA, provide interim guidelines for sanitization of solid state and RAID 
storage systems.  A new document, which addresses various solid-state, hard disk, floppy disk, 
RAID and other storage media sanitization, is being developed in the National Telecommunications 
and Information Systems Security Policy (NTISSP-9) working group for U.S. Policy.  When 
completed, NTSSIP-9 is expected to provide specific and detailed guidance for all new technologies 
used in DoD systems.  It is intended that this document will become the official guidance for 
declassifying advanced technology data storage system media when it is approved and released. 
 
In the interim, the proposed IRIG Chapter 10 is incorporating the NADSI (STANAG 4575) 
declassification procedure in its entirety.  Although the NADSI is still pending NSA endorsement, 
the processes identified forms a good baseline for vendors to use in obtaining recorder systems 
approval from the responsible program utilizing their product.  While the formal NSA guidance is 
pending this procedure is been worked closely with NSA and related security organizations and is 
currently used by several manufacturers.  One of the declassification concerns is in regards to non-
data path memory.  In order to comply with NSA guidelines, the declassification process should 
access all memory.  It is recommended that a communiqué be added to the beginning to note that all 
non-volatile memory be accessible for this purpose. 
 
It is of particular interest to note that NSA is looking toward “risk management vs. risk avoidance” 
and placing the responsibility on the Program Managers (PM) to assess the threat and take 



appropriate measures.  NSA will provide ‘guidance’ but the PM’s will approve procedures.  One of 
SSR vendors, Calculex, Inc., has provided declassification procedures to the STANAG.  This 
procedure writes 55H followed by AAH.  This procedure also assist in identifying bad memory 
cell/blocks and how to determine if they are unusable, i.e., one go back to that stuck memory cell 
(one out of 16 in a data word) and determine if any valid data remains in that stuck cell.  Meanwhile, 
differences in secure erase procedures continue to differ between programs and amongst commands.  
Due to the anticipated ratification of the STANAG and its technical documentation, Allied 
Engineering Documentation Publication (AEDP), in December 2002, the final declassification 
guidance is pending. 

IRIG 106 Chapter 10 Data File and Packet Formats   
 
Chapter 10 defines both the formats of the individual data packets, which are data type dependent, 
and the organization of those packets into files on the recording media. 
 
The Chapter 10 file organization is adopted directly from STANAG 4575.  This NATO standard was 
developed to ensure data download interoperability between recorders from multiple vendors.  Three 
primary criteria had to be satisfied.  First, the file organization on the recorder media had to be 
operating system independent.  Ground support computers from different vendors running 
Windows®, Linux, Solaris™, or Irix®, for example, needed to be able to all access the media.  
Second, the file organization needed to support very large file sizes, to 100 gigabytes or more.  
Finally, the file organization needed to be independent of the block size of the recorder media. 
 
Each directory block contains 64 bytes of common 
information followed by in integral number of 112-
byte file entries.  The number of file entries in a 
directory block depends on the media block size.  
Only complete file entries are allowed, so filler is 
used at the end of the block if the block size is not 
64 + (N x 112) where N is an integer.  The only 
requirements are that Block 0 is reserved, that the 
first directory block begin in Block 1, and that 
each user “data file” be stored in a contiguous 
sequence of blocks.  Figure 1, copied directly from 
the STANAG 4575 document, shows both the 
content of a directory block and file entry.  The 
forward and reverse chain pointers in the directory 
blocks enable the second and subsequent directory 
blocks to be located anywhere on the media.  The use of a single starting block pointer for each file 
entry in the directory block forces each file to be recorded in contiguous blocks.  
 
 
The Chapter 10 data packet format supports multiple data types 
(PCM, MIL-STD-1553, IRIG Time, Ethernet, Fibre Channel, 
Video, Computer generated, etc).  Each packet has a packet header 
with the same format regardless of data type, a packet body that is 
data-type dependent, and a packet trailer containing a checksum of 

Figure 1. Directory Block and File Entry 

PACKET HEADER

PACKET TRAILER

PACKET BODY

Figure 2. Packet Structure 



the contents of the packet body.  Figure 2 shows the generic Chapter 10 packet structure.   
 
One of the key features of the Chapter 10 packet format is that an independent, precision 10MHz 
reference counter is used to capture and record the relative timing of all of the data channels in a 
recording.  IRIG time from an external time source is captured and “stamped” with the internal 
reference count, the same as any other data input source.  One IRIG time packet is generated for 
each IRIG frame.  The 10MHz reference count is stored in each packet header, and depending on 
data type, again within the packet body with each “unit” of user data.  For PCM, a unit is a minor 
frame, and each minor frame is also stamped with the reference count.  For MIL-STD-1553, a unit is 
a bus message, and each message is stamped with the reference count. 
 
Chapter 10 stipulates that the identification and configuration of the individual data channels in the 
recording be defined in a Chapter 9 Telemetry Attributes Transfer Standard (TMATS) file that is 
encapsulated in a Chapter 10 “computer generated data” packet and output as the first packet in a 
recording.  This requirement ensures that the configuration information used to make a recording is 
preserved with the recorded data. 
 
Chapter 10 packets for a single data channel (other than IRIG time) can be variable length, and the 
format support large packets.  For example, one or more complete PCM major frames may be 
encapsulated into a single Chapter 10 packet.  Each file in a Chapter 10 recording contains 
multiplexed (interleaved) packets from multiple channels.  For each data channel, the reference 
counts in consecutive packet headers must be in ascending count sequence. However, when multiple 
channels are interleaved in a single recording, the reference counts in consecutive packets may not 
be in ascending count sequence. 

IRIG 106 Chapter 10 Data Reconstruction  

 IRIG-106 Chapter 10 provides all the benefits for allowing data be analyzed and processed by state-
of-the art Personal Computers PC’s and software. However the requirement still exists for ground 
stations to allow for data to be reconstructed back to its original form (i.e. PCM, MIL-STD-1553, 
Discrete, Analog, Video, etc. The key requirements for a ground replay station are as follows: 
 

 The replay station should reconstruct all the recorded audio, video or analog data with its 
original dynamic range, distortion and quality.  
 The digital data reconstruction (as PCM streams, bus data) should reconstruct all the 

recorded data bits with its original frequency without jitter. 
 Data recorded from different sources are to be reconstructed with the best possible time 

accuracy relative to each other. 
 The original time reconstruction in different formats like IRIG time code, GPS time, on-

screen time display should be synchronous with the data streams being replayed. 
 The user must be able to select any portion of a given recording, and the replay should 

start from any position with the above described time accuracy.  
 Different than original speed replay is necessary. Sometimes the replay station must 

adapt for older existing equipments, which can handle only slower data streams. In other 
cases the user wants a quick check-up, or faster analysis is possible - so to reduce 
analysis time the faster replay is required. 



Traditional Tape vs. Packetized Digital Data Replay 
 
Traditional tape recording techniques used 
separate tape tracks for recording each 
different data source. In addition to the 
several data sources, one track was dedicated 
to time - which was generally coded as an 
amplitude modulated sine wave.  
The synchronicity of the data in simple cases 
was relatively good, depending mainly on the 
geometrical placements of the recording and 
replay heads - and on the differences in the 
channel electronics.  
While tape replay was easy, the time related 
computer analysis based on this technique 
was more complicated - the computer 
programs had to digitise and interpret the 
amplitude modulated time code signals. In most cases an external IRIG time reader with some kind 
of digital interface was used to run in parallel with the digital data capture.   
 
 
Digital recording techniques require a 
different method for keeping track of data 
synchronicity and timing. In this case, all 
data is first digitised, and then placed onto 
the media (still tape, solid state memory, 
optical or hard disc). The data block from 
different sources are placed on the media 
identified by their source ID in the packet 
header. The absolute time is placed also as 
one data block similarly.  
 
The size of the blocks can be very different, 
and the time span covered by these packets 
are also different. It is not even guaranteed, 
that the packets are placed into the data stream always in the sequence as they are generated. Most 
importantly all data packet contains a digital time stamp, which allows the reproduction process to 
demultiplex the packets and assign to them correct timing. 
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Data Demultiplexing 
The ground station application must reverse the 
packetization process.  Each data packet is 
selected and de-multiplexed to the sink 
identified by its source identifier.  The packets 
are placed by source in different data queues. 
The replay time is handled similarly.  
For replay the reference time is running free. In 
order to allow enough time for the interfaces to 
prepare for the replay, the reference time is 
started from a value that is typically about 2 
seconds early, then the reference counter 
extracted from the time packet. After the time 
generation is started, the time source will run 
free and serves as master for all the output interfaces - leaving the time synchronisation task for all 
the reconstruction interfaces. The continuous synchronisation of the output interfaces results in a 
very simple and very accurate replay system architecture. The above mentioned output rate adjusting 
results in a final absolute time accuracy better than 1 microsecond 
 
From the reconstruction difficulty level 
point of view there are basically two type of 
data: continuous or with other words evenly 
spaced - and burst or unevenly spaced data. 
Continuous data are generally PCM, audio, 
and analog data.  
The continuous data replay interfaces have 
to guarantee that the first data is output at 
the exact time captured as time stamp in the 
first packet. 
Later the interface has to measure back the 
time of the outgoing words and compare it 
to the time stamp of the following packets. 
The difference gives the tuning value of the 
output rate generator (PCM bit rate, analog sample frequency), which must be a fine tuneable 
generator. Using this method a time accuracy of 1 µs can be achieved.  
All output interface electronics have some delay. Using digital decoders for video stream or delta-
sigma D/A converters for audio or analog data this delay sometimes can be very long (1-100ms). 
The correction of these delays is easy for the starting and also for the continuous tuning by using 
digital techniques.  
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The burst data replay is even simpler than 
the continuous rate data reconstruction, and 
higher accuracy can be achieved. In this 
case the interface is working continuously 
in “Initial” mode. When the next time 
stored in the packet is reached, the time 
comparator enables the next burst to start 
replay. The electronics knows the length of 
the burst, and stops the transfer 
automatically when it is reached.  
The timing accuracy is even better - in most 
of the cases the recorded 100 ns accuracy 
can be achieved because generally no 
output rate jitter is produced. 
The correction of the delay of the output 
electronics can be achieved in the same way as it is done for the continuous data reconstruction.  

 
IRIG 106 Chapter 10 Windows OS environment   

 
The IRIG-106 Chapter 10 format provides an open standard for the implementation of data 
acquisition, processing and analysis in the Windows Operating System (OS) environment.  All of 
these functions can be performed on a Personal Computer (PC) platform and/or across PC networks.  
Conforming to the Open Systems Interconnect (OSI) model that allows the application layer to 
perform data de-capsulation and decoding then presenting it to the end user removes the constraints 
of proprietary formats and support software applications required for their use.  Being a truly open 
standard IRIG-106 Chapter 10 allows multiple vendors and/or organic support within the flight test 
community for the post recording data processing environment.  Utilizing common PC interfaces 
from the COTS industry such as the Small Computing Systems Interface (SCSI), Emitter Control 
Logic (ECL) and/or Fiber Channel (FC) recording downloading and processing of the data becomes 
a Plug-n-Play type scenario for the end user.  
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If the appropriate interfaces are present in the Windows OS environment the Solid State Memory 
modules containing the data can be presented as a drive volume in the Windows shell.  Utilizing 
registered Component Object Module (COM) objects the data can be decoded and processed on the 
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fly during the debriefing process from the selected IRIG-106 Chapter 10 data files.  The data 
recording can also appear as nothing other than a drive, directory, and file hierarchy within the 
Windows OS.  Much like other registered files types IRIG-106 Chapter 10 files then can be decoded 
with a simple right button click of the mouse, launching the associated file application just as if you 
were opening a Microsoft Excel file.  The format of Chapter 10 data provides the necessary 
hierarchical environment for the user to navigate straight to the data of interest.  Operating in the 
windows OS also allows complete drag and drop, file copy and paste capabilities for local and/or 
networked users. 
 

Time Alignment 
 
Individual data source time alignment can easily be accomplished with the information provided by 
the IRIG-106 Chapter 10 format. Not only does the format contain an IRIG time channel but also 
each packet contains 48 bits of time information on the data within the packet.  Each recording also 
contains a value in the TMATS header, which represents a time offset between the IRIG "On Time" 
mark and the packet header reference counter fine time latch.  By having this timing information 
available to the decoding process it is now possible to accurately align data from each channel in 
software. Once the decoding process has performed the alignment on all the data channels it 
becomes possible to provide dissimilar data to time history processing or display.  
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Implementation of Standard in Government Developed Product (ILIAD) 
 
The ILIAD product (Instrumentation Loading, Integration, Analysis, and Decommutation) is a 
ground support tool for the Instrumentation Engineer.  It provides three tools supporting the IRIG 
106 Chapter 10 data format.  A packet editor decodes the raw data file, and presents the user with a 
formatted output of the packet headers and data.  The second tool is an IRIG 106 Chapter 10 Data 
File Validator.  This validation tool processes the Chapter 10 data file packet header, trailer, and 
body to make sure that each conforms to the standard.  The third tool is an IRIG 106 Chapter 10 
Player, which provides the ability to process the data file through the ILIAD Data Server. The data 
source can be a disk file or a tape file.



 

CONCLUSION  
 
 
The Range Commanders Council exists to seek, preserve and enhance the nation's war fighting 
superiority by ensuring that affordable technical capability and capacity are available to test and 
operate the worlds most effective weapons systems and to train the war fighters who use them. In 
support of that vision, the Telemetry Group (TG) is involved with facilitating the transfer of 
telemetry data between users and test ranges and between ranges with the goal of fostering 
improvements in overall telemetry system performance and compatibility. The Recorder and 
Reproducer committee address issues involving ground and airborne recorders, media (tape), 
recorder multiplexers, data reconstructors, and test methods for these devices. The committee 
promotes the sharing of resources (equipment, access to purchase contracts, lesson’s learned) and the 
adoption of standards to promote inter-range commonality.  
The proposed standard addressed in this paper is a continuation of this vital mission. The RCC-TG 
and its member ranges are struggling with the rapid advance of recorder technology along non-
standard devices. Current RCC (aka IRIG) standards align along ANSI and commercial off-the-self 
devices. These standards (namely the IRIG Longitudinal tape recorder, ANSI ID-1 tape recorder, 
ADARIO Multiplexer, Metrum VLDS tape recorder, and Calculex ARMOR Multiplexer) have been 
competing with non-standard systems being implemented on today’s ranges. The committee needed 
to move fast to prevent the same situation from happening with Solid State recorders. 
 
This is the right standard.  It presents an open architecture that is being widely adopted across 
multiple users (RCC, NATO). It has been prototyped, tested, and is well documented. It addresses 
media formatting, data formatting, data downloading, and data security, software data processing, 
and raw data reconstruction along with serial command and control and discrete command and 
control of the recorder.   
 
This is the right time.  Increasing data rates and harsh environmental requirements have exceeded the 
ability of tape-based systems to keep pace with technology. The next step is Solid State Devices. 
 
IRIG 106 Chapter 10 is currently being distributed for comments.  Comments are due back to the 
committee by 31Dec02.  At that time the committee will address the comments and propose a final 
version of the standard to the RCC Telemetry Group (Feb 03). If approved by the RCC-TG, it will 
be available for publishing and use Mar 03. 

For more information please refer to the public RCC website at http://jcs.mil/jist3  
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ABSTRACT 
 
This Paper presents efforts in developing a data management system and storage infrastructure for 
assisting test engineers in achieving information superiority and maintaining vital up-to-date 
information. The focus of this Paper is to generate support for a technology refresh, upgrading the 
major data centers that share in the responsibility of processing telemetry information. We illustrate 
how our efforts fit into this goal and provide an overview of our concept for a revolutionary 
transformation in data management systems. We present the significance of this new technology and 
suggest a path to implementing the solution. 
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INTRODUCTION 
Since the 1980s, test engineers have faced growing challenges in information management and data 
processing. The number of measurement parameters and sampling rates has skyrocketed with every 
new generation of aircraft and test article. This creates enormous amounts of data, and as aircraft 
become more sophisticated, the amounts of data will increase exponentially. Since its inception, 
telemetry data for our Nation’s premier fighter aircraft has been captured on tape and subjected to a 
labor-intensive process for analysis. The telemetry data is then requested by authorized users and 
satisfied by shipping duplicate tapes to the requestor. 



 
The Enterprise Flight Data Management System (EFDMS) addresses the issues that surround 
storing, managing, retrieving, and distributing telemetry data. Data can be downloaded from a solid-
state memory canister, loaded to the EFDMS, and accessed instantaneously. Security is a top priority 
for protecting sensitive information and with the robust features of commercially available 
applications, sensitive or classified data can be protected with policy-based features granting access 
to data by organization, group, or at an individual level. By simply automating manual processes, the 
collection and dissemination of data to the engineer can be streamlined resulting in 24x7 access to 
mission-critical data. 
 
The increase in the quantity and quality of the various types data will contribute to a higher quality 
finished product that can be delivered in record time. New types of data will begin to appear as 
capacities increase and engineers begin to mix telemetry, voice, and video to have more information 
available at their desktops.  
 
The EFDMS concept can provide years of extended capabilities to fixed content, whether the data 
consists of telemetry, video, voice, or a future data source. Instantaneous access to information will 
be a determining factor in maintaining information superiority.  
 
The intent of this paper is to generate support for a technology refresh upgrading the major data 
centers that share in the responsibility of processing telemetry information. The benefits achieved by 
eliminating inefficiencies needs to be explored in detail with a consolidated cost recovery analysis. 
 
 

UNDERSTANDING THE PROBLEM 
Performing testing maneuvers of fighter aircraft can wreak havoc on conventional tape drive 
technology. It becomes increasingly more difficult to collect data for analysis when multiple flights 
are required to collect sufficient data. 
 
Solid-state devices are currently being tested as a replacement for conventional tape, promising 
higher levels of availability, reliability, and scalability and have proven to be successful (i.e., 
resulting in no loss of data). These devices provided a tremendous increase in quality and quantity of 
data produced for flight test engineers. However, today’s data and information processing 
requirements have outpaced the capacities and capabilities of these legacy management procedures.  
 
The current procedures and policies for data archival and day-to-day management of telemetry data 
is labor intensive in every aspect. As the manpower resources available to perform these tasks has 
decreased, new solutions must be considered to provide the capabilities to manage, protect, and 
share mission-critical information. Additionally, with the programs such as the Joint Strike Fighter 
(JSF) in place, and the continued need to leverage new weapons technology with older aircraft, the 
corresponding demand to record, access, and process telemetry data is even more crucial.   
 
From the time a request is received, processed, and then shipped, days can pass before the end user 
actually receives the data. Each data request is satisfied by creating duplicate tapes, a process which 
potentially reduces the useful life of the master tape. This could place the master tape at greater risk 
for data loss. The subsequent shipment of the tapes to the end user is often subject to security 



procedures that could jeopardize the timely receipt of user data. This workflow process can often 
take hours and sometimes days before the engineers are able to load and process the data for 
analysis. Furthermore, this process can create a significant backlog of data requests that can 
potentially cause project delays, security breaches, and unavoidable costs.   
 
As noted previously, the current method for processing telemetry data from aircraft to end-user is 
cumbersome. The following scenario describes a typical, time-consuming, step-by-step process from 
data generation to collection to end user analysis – 
 

1. Once data has been recorded, the solid-state memory canister is removed from the aircraft 
and taken to a workstation, to which the solid-state memory canister is then attached. 

2. The data is then downloaded to a workstation. At this time, the data is recorded to tape for 
archival and sometimes analyzed by a local engineer. 

3. The original tapes are then placed into a vault for long-term storage. 
4. The data does not live anywhere on disk or in a Storage Area Network (SAN) for instant 

access and retrieval. 
5. At some point, an engineer determines a need to analyze test flight data from the flight or 

from a series of flights several months back. 
6. The engineer must send a request for the data to the staff managing the tape archives. 
7. The staff must then research a lookup table to find the tape(s), which contain the requested 

information. 
8. The tapes are then pulled for processing. A resource is then assigned to duplicate the tapes, 

which can require hours to complete and depends heavily on the amount of data requested. 
9. Before the tapes can be sent, a security clearance check must be completed to verify that 

the recipient, shipping location, etc., are approved for taking delivery of the sensitive or 
classified data. 

10. The tapes are then packaged for delivery through commercial shipping channels, US Postal 
Service, Federal Express, UPS, etc., or via special courier. 

11. It can be expected that several days later, the tapes are received by the requesting 
organization, and then finally delivered to the engineer who placed the original request.  

12. The requesting engineer may then load the data directly onto his workstation, or the 
engineer may assign the task of loading the data into the organization’s storage network to 
a technician. 

13. Once the data has been loaded, the engineer can begin analyzing the data. 
 
These steps demonstrate how difficult and cumbersome the task of managing fixed content for 
storage, retrieval and distribution can be.  
 
With this in mind, we identified the following operational issues, technical limitations, and goals 
through our discussion with U.S Air Force personnel – 
 

 Current data duplication processes places mission data at greater risk for loss; 
 Access to data is time consuming, inefficient, and costly; 
 Current data processing methods place mission data at risk for security breaches; 
 The need for automated processes (hardware, software, networks, etc.) is required 

to address data growth and limited personnel resources within military installations; 



 Existing telemetry data is stored on conventional tape, adversely affecting the 
ability to manage, share, and protect data; 

 Solid-state recorders are becoming the solution of choice. Solid-state recording 
devices can store more than 400 GB outpacing its tape rival by 850%; and, 

 The vast amount of data currently being collected can no longer rely on 
conventional tape technology. 

 
Understanding the problems that telemetry data collection has introduced into flight data 
management systems is key to designing a new architecture that addresses the downfalls and 
limitations of tape-based systems and solid-state disk conversions. A new IT storage infrastructure 
would provide higher levels of data security and integrity, thus eliminating labor delays in data 
delivery to key personnel or project partners for analysis. This would result in a reduction of 
engineering cycles and the lowering of overall project costs.  
 
 

PROPOSED TECHNOLOGY APPROACH 
EFDMS provides a flexible infrastructure that allows frictionless access to data. Implementing an 
infrastructure approach to data collection and dissemination, efficiencies can be realized in 
performance, information assurance, and addressing scalability requirements. Building an 
infrastructure for the Flight Data Management System will enable the system to be Enterprise class 
architecture, one that addresses all aspects of operations including mission continuance, disaster 
restart, and disaster recovery, all of which are critical components of an enterprise-class data center. 
 
The future IT infrastructure will be the heart of EFDMS’s successful operations, providing 
continuous availability of networks (e.g., SAN or NAS), applications, servers and information 
storage. In the area of information storage, our approach incorporates a Content Addressed Storage 
(CAS) solution. The design is targeted at meeting the unique requirements of fixed-content 
management. Fixed content comprises any form of digitized information asset retained for reference 
and value, including documents, e-mail, telemetry, satellite photos and imagery, streaming 
video/audio, X-rays, final form CAD/CAM drawings, etc. Federal civilian agencies and military 
services that require WORM (write once, read many) storage capabilities will find our approach a 
viable option. The CAS solution provides fast and easy online access to petabytes of information 
(PB=1,000TB). 
 
In the new technology technique called content addressing, a unique identifier is assigned to each 
stored object so specific content can be immediately accessed through an integrated application. To 
meet the requirements for long-term storage of fixed content, the CAS solution actively ensures that 
objects cannot be changed or modified once stored. Applications are integrated with the CAS 
solution via an API (application programming interface) over an IP network, recognizing the CAS as 
a storage repository, scalable to millions of objects and petabytes of fixed content. Customers and 
independent software vendors (ISVs)) that incorporate the APIs can easily integrate their fixed 
content applications with the CAS solution.  
 
In our approach to CAS, a flat address scheme is presented to the archive program, as opposed to 
traditional location-based file methods. When a reference data object is initially stored in the CAS 
repository, the application is given a “claim check” that is uniquely derived from the object’s 



content. To access a stored data object, the requesting agent simply provides the “claim check” that 
uniquely identifies the object to the repository, and the data object is then returned. Content 
addressing greatly simplifies the storage resource management tasks, especially when handling large 
amounts of static objects. 
 
Accessing CAS 
Our approach synchronously stores a data object, also known as a BLOB (Binary Large Object). An 
application delivers a data object to our Application Programming Interface (API), which calculates 
a 128-bit claim check, i.e., Content Address (CA), from the object’s binary representation. The CAS 
repository then stores the BLOB and a mirror copy. The Content Address, which is unique for the 
object’s content, and metadata about the object (e.g., filename, creation date, etc.) are then inserted 
into an XML file called a C-Clip Descriptor File (CDF), which in turn has its content address 
calculated. In our approach, the C-Clip is the union of the CDF and its content objects. This C-Clip 
Content Address is only returned to the application once two copies of the CDF and two copies of 
the BLOB have been safely stored in the repository. 
 
Future requests for the retrieval of the data object occur when an application submits the C-Clip’s 
Content Address for that object to the repository via the API. There is no centralized directory in 
CAS and no pathnames or URL’s are used. Only the C-Clip’s Content Address is used as a 
reference. The C-Clip is essentially a “fingerprint” that assures the authenticity of the stored object 
(i.e., the user file BLOB). If an object is retrieved and altered by one bit, the CAS API will produces 
a new CDF with a new Content Address for the altered BLOB when the modified object is 
subsequently stored. The significance of this approach is that the original object remains unchanged 
and accessible by its original content address. This WORM (write once, read many) attribute assures 
a level of versioning integrity that file servers cannot provide. 
 
C-Clip Functionality 
The C-Clip method ensures that application developers, users, and storage managers do not need to 
think about where data is physically or logically located. The C-Clip’s Content Address is a globally 
unique identifier permitting a data object to be retrieved from anywhere, exactly as it was stored, 
irrespective of the location of the content and the user. 
 
Because our CAS approach uses a location independent addressing scheme, the result is data 
mobility that facilitates a simple yet robust disaster recovery topology. When a data object is initially 
stored in the local CAS, the object can also be asynchronously and automatically replicated to 
remote sites over a wide area network (WAN), such that the object resides both local and remotely. 
 
If a disaster in the local data center occurs and the data needs to be rebuilt, the remote site is able to 
re-populate the local CAS as needed. Note that the replication facility can be operated bi-
directionally in an active-active topology. 
 
User interface with our implementation of CAS is through content-based software applications that 
incorporate a powerful API. Many industry-leading software developers have signed up to integrate 
their products to take advantage of the features that our approach offers. Examples of this type of 
third-party software that can use our API and CAS include content/document management, medical 



imaging, e-mails archiving, and a wide variety of vertical applications that benefit when large 
amounts of content objects are accessible online and shareable by a large number of users. 
 
Our Architecture 
The CAS architecture we implemented presents a no single point-of-failure platform that is highly 
scalable and implements non-disruptive servicing. The CAS solution is built upon a Redundant 
Array of Independent Nodes (RAIN) that is deployed in one or more six-foot NEMA standard 19-
inch racks. A single rack can hold 16, 24, or 32 nodes to provide 4.7TB, 7.2TB or 9.6TB of 
protected capacity, respectively. Each node contains processing power, 600GB of raw storage 
capacity, and is interconnected with all the other nodes in the cluster via a private LAN. Each node 
executes an instance of our software in one of two operational modes: 
 

 Storage Node: the node facilitates long-term storage of BLOBs and CDFs, and 
 Access Node: the node is a conduit for interaction between the application server and the 

storage nodes. 
 
The throughput needs of the application (e.g., telemetry data) determines how many access nodes 
must be configured at the time of installation. Each access node is connected to the application 
server infrastructure via a 100 megabit-per-second Ethernet cable. Given that our CAS solution will 
be connected to the application server via multiple access nodes, the application will enjoy not only 
scalable bandwidth with low access latency, but also high availability. 
 
This architecture provides our CAS solution extreme scalability for capacity and performance, as 
well as radically unique simplicity for managing physical storage resources. Capacity scaling is 
accomplished merely by non-disruptively adding nodes in 2.4TB (protected) chunks. As capacity is 
scaled, performance is also scaled to handle the management of data across the incremental nodes. 
Additionally, the number of Access Nodes can also be augmented to facilitate more bandwidth to the 
applications server. 
 
Perhaps the most significant benefit of our architectural implementation is that the addition of nodes 
requires no time-consuming, complex management effort on the part of either the application (or 
developer) or the system administrator. This benefit permits a single administrator to handle 
hundreds of terabytes of content storage – far greater that can be managed in traditional storage 
products. 
 
Multiple racks can be configured as a single “cluster” delivering up to 154TB of protected storage. 
The repository connects directly to one or more Windows or UNIX application servers via multiple 
TCP/IP LAN connections. If 154TB is insufficient, the client application API can reference several 
154TB clusters to access up to one petabyte of data. Building such a network of clusters is simply a 
matter of non-disruptively connecting new clusters to the application server’s LAN infrastructure as 
older clusters are filled. The API is designed to abstract the multiple clusters from the application 
server. 
 
We have begun teaming with key software vendors to provide solutions that eliminate the daunting 
task of managing fixed content. Today, companies and government agencies are solving the problem 
of fixed content management with our CAS solution and with software from one of our partners who 



have invested time and money integrating their applications to take advantage of the CAS solution’s 
unique strengths and capabilities. 
 
 

CONCLUSIONS 
An EFDMS using our CAS solution for its data repository will completely address all of the existing 
problems we identified earlier in the process of telemetry data collection, migration, 
storage/vaulting, and access/retrieval. Manpower, scalability, security, integrity, and disaster 
recovery issues and problems surrounding these valuable data assets can be virtually eliminated. The 
CAS solution delivers the following key benefits: 
 

Simplified management. Resident applications are not required to understand and manage the 
physical location of stored information. Instead, the CAS solution creates a unique 
identifier that applications can use for retrieval. 

Fast, location-independent access. The CAS solution provides users with fast, shared, and 
networked access to fixed content at Internet speeds. Access is location-independent, 
greatly simplifying application development and deployment.  

Assured authenticity, efficient replication. Because the CAS solution gives each stored object a 
unique address, integrity and authenticity are assured. Only one copy and one replica 
of each object is stored, no matter how many times the object is used. 

Complete solutions. Our CAS solution is already being integrated into many leading content 
management applications across a variety of industries by an expanding list of 
partners.  

Scalability without reconfiguration. The CAS solution architecture is based on redundant 
arrays of independent nodes (RAIN), making it highly scalable to hold petabytes of 
content. To add capacity, just plug in another node. Our solution auto-discovers and 
configures the new capacity as it is installed. 

Self-healing. The CAS solution continuously monitors to detect and repair soft errors. It also 
automatically reconfigures itself and replicates objects as necessary, in the event of 
hardware failures such as disks or nodes. These incidents can be automatically 
reported through a remote monitoring system.  

Future-proof architecture. Long-term data often outlives the technology on which it is stored. 
Because our CAS solution is designed to accommodate new technology without 
costly and disruptive conversion or migration, it eliminates this problem.  

Business continuity protection. All information objects are synchronously mirrored within a 
local CAS cluster to support automatic recovery from component failures. The 
solution can also be configured to maintain duplicate copies of fixed content at a 
remote site to guard against local site disasters. 

Easy installation and non-disruptive upgrades. The CAS systems can be installed or upgraded 
in less than an hour, without disrupting content access. The CAS solution’s software 
environment can also be upgraded non-disruptively as new versions are released.  

 
Our CAS-based EFDMS solution eliminates tape from the workflow process, removing the most 
labor-intensive activities from the data center. Although tape and optical solutions may appear less 
expensive due to lower initial implementation costs, in the long term these solutions require 
significantly increased focus on manual content management (e.g., movement of tape, conversions to 



new formats, copying of old tapes to avoid loss of data due to tape aging effects, etc.). Furthermore, 
the traditional solutions are more difficult to manage during migrations and changes in technology. 
The solution presented in this paper also ensures increased productivity when implemented across 
multiple data centers (e.g., by preventing outages caused by natural disasters), and the data mirroring 
capabilities in our solution provides for simultaneous data access from multiple data center locations. 
The savings opportunities associated with the CAS solution has already compelled the commercial 
sector to invest heavily in this new technology, including EMC’s implementation of the CAS 
solution as a new product line, Centera. 
 
The benefits of an EFDMS are significant – by providing a true enterprise computing environment, 
data access times can be measured in seconds rather than days or even weeks. The reduced response 
time for the user community can accelerate the development cycle, additionally reducing overall 
costs. While reducing cost and increasing productivity, the skills of your staff can be further 
enhanced to assist in the advancement of defense programs. Staff members once dedicated to data 
distribution through media duplication can be redeployed to contribute to the overall goals of the 
team, improving team moral and performance, and further enhancing the process of converting data 
into information. 
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ICTS Overview 
 
 
Background.   Spectrum encroachment is becoming an international issue as a result of 
increased commercial interest.  It is important that we, the telemetry user and provider 
community, better protect and defend our spectrum to ensure its future availability for future 
telemetering.  In response to this need, the  International Consortium for Telemetry 
Spectrum (ICTS) was chartered under the sponsorship of the International Foundation for 
Telemetering (IFT).  The IFT exercises oversight responsibility and authority of this 
consortium and  provides administrative, policy, and programmatic approval. 
 
The ICTS was formed in response to the need for an international coalition of telemetry 
practitioners who share a common goal of ensuring the availability of electromagnetic 
spectrum for telemetering.  Under no circumstances shall the ICTS publish, present, or in any 
other way represent a position on spectrum issues.  However, the information shared within 
the ICTS will enable telemetry practitioners to effectively respond to spectrum issues within 
their respective organizations.  Examples of shared information maybe a  database that 
contains a list of frequency allocations assigned to individual nations and regions for 
telemetering, data on telemetry technology development, technical reports and studies, and 
sharing of national positions on related issues. The ICTS will also publicize to members any 
planned or proposed changes to international spectrum allocations affecting telemetering.   
 
The ICTS is structured as an international organization comprised of telemetry practitioners 
from government, industry, and academia. Regional Coordinators representing the three 
regions defined by the International Telecommunications Union (ITU) —  Region 1: 
Europe/Africa, Region 2: Americas, Region 3: Asia/Australia.  The consortium shall be open 
to individuals or organizations who support the  goals of the ICTS and have a business or 
professional stake in the use of the telemetry spectrum. The ICTS needs to produce and 
exchange information that would be useful in developing a united front.   
 
 
Charter and By-Laws. The IFT approved the charter and by laws (available at 
www.telemetry.org/icts.htm).  An overview of the history of the consortium and an expression 
of  the importance and benefit for information exchange, meeting announcements, minutes, 
as well as other information will be posted on the  website. 
 
Meetings. The  ICTS host meeting bi -annually; Fall in the United States, Spring in Europe.  
The ICTS recently held meetings in June 2001 (Marseille),  October 2001  (Las Vegas) and 
May 2002 (Garmish).  The June meeting was held in conjunction with the European Test and 
Telemetry Conference (ETTC) on June 14, 2001 in Marseille, France at the Le Palais du 
Pharo.  The October meeting was held in conjunction with the International Telemetry 
Conference on October 25 in Las Vegas, Nevada USA at Riviera Hotel. The May meeting 
was conducted in cooperation with the European Telemetry Conference May 27-28 in 
Garmish, Germany.  
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Regional Reports 
 

 
REGION I 

 
Submitted by;  
Mr. Jean-Marie Bergès 
ICTS Region I Coor dinator 

 
 
Region 1 Newsletter 
 
The Region I activities comprise the creation of the group’s Newsletters; circulation of 6 
newsletters; participation in a seminar of ANFR (French National Frequency Agency) on 
frequency regulation: January 21 -23 2002 (before NL 1) 
 

1. Newsletter  1: 12 March 2002 
2. Newsletter  2: 23 March 2002 
3. Newsletter  3: 9 April 2002 
4. Newsletter  4: 30 April 2002 
5. Newsletter  5: 14 May 2002 
6. Newsletter 6: 4 June 2002 
 

The circulation of the Newsletter is intended to reach for two kinds of receivers : 
 

1. ICTS members (already accepted or candidates) following the ICTS charter and by-
laws approved Oct. 25 2001 by the International Foundation for Telemetering 

2. Guests from national frequency institutional managers, especially in Spain and 
France. This does not induce modifications to the ICTS charter and by-laws. 

 
The list of addresses is sent with each newsletter.  Copies of the Newsletters are available on 
the ICTS Website at www.telemetry.org. Topics covered in each newsletter include; 
 

• ETSC & ICTS plenary meeting preparation for ETC ’02 NL no.  2 
• ETTC’03 general topics NL no.  2 
• ITEA Instrumentation workshop advertisement (Palmdale CA) NL no.  2 
• ICTS region 1: presentation of organisation NL no. 3 
• ICTS annual meeting , 23 October 2002 in San Diego (for election nomination 

committee) NL no. 4 
• ICTS charter and by-laws NL no. 4 
• ETC’02 Garmish final programme NL no. 5 
• Brief summary of ICTS meeting at Garmish (30 May 2002) NL no. 6 

 
 
3-30GHz Augmentation 
 
At the October Working Group Meeting, a Working group was established and MITRE (under 
contract to the US DoD) took an action to prepare an outline draft of a report on issues 
associated with augmentation of telemetry spectrum in the 3 -30 GHz range. The initial draft of 
an outline of that paper was circulated to the Working Group and Region 1 for review and 
comment.  We are still collecting and additional material for incorporation in this paper. If 
members have any additional material that could be provided, discussed, or circulated among 
the Working Group, contact your ICTS representative as soon as it can be done. 
 
Comments received to date have been forwarded to the working group and included in the 
Region 1 Newsletter as referenced; 
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• Comment to section 6.b of the Working Group Paper  (NL no. 1) 
The space agencies of Europe have retained the advanced modulation techniques 
GMSK and SOQPSK for the high rate telemetry of their spacecraft. The ECSS 
standard E50-05 has been finalised and is in the process of final review. The CCSDS 
worldwide space agencies are going in the same direction; several of them are 
currently working at the development of the necessary hardware to implement GMSK 
and SOQPSK. There is to my knowledge no agency currently planning to implement 
FQPSK.  
 
• Comment  to section 6a of the Working Group. Paper Outline (NL no. 2) 
“On the working group paper outline section 6 a, are we missing to include Multi -h  
CPM in our investigation of use of advanced modulation and multiplexing techniques, 
which the Advance Range Telemetry (ARTM) Lab at Edwards AFB is looking at ?”  

 
 
Launch Vehicle Telemetering Safety Request  
 
In pursuing the intersecting telemetry spectrum interests between Defence and the civil space 
community, the Australian Federal Office that is responsible for launch safety has posed a 
question about the spectrum necessary to support launch vehicle safety. This, by necessity, 
should embrace command/destruct/flight termination, as well as launch vehicle telemetry 
behavioural monitoring and/or telecommand/control. There is doubt as to who works the link 
error margins to satisfy the safety requirements but some points of contact would be useful to 
get the ball rolling on this topic. Note that the inquiry relates to launch vehicle support and 
NOT to any operational TT&C or telemetry data -links that are associated with satellites or 
platforms once launched in space. This is of special interest to the European Space 
Agencies. For example, the UHF bands for launch vehicle range safety command launch 
destruct receivers are in the 449.75-450.25 MHz band (extract from RR §5.286) as well as 
around 421.0, 425.0, 427.0, 440.0 and 445.0 MHz in the USA and, in the French Overseas 
Departments in Region 2, the 433.75-434.25 MHz band (extract from RR §5.281). 
 
 
UK Radio Spectrum Management Report   
 
Steve Lyons from QinetiQ Aberporth (ex-DERA) provided a report  on UK spectrum prepared 
by consultants for the UK DTI / Treasury. This report, along with other UK spectrum 
management documentation, is available from the DTI's Radiocommunications Agency which 
sponsors a useful web site at www.radio.gov.uk . They also hold roadshows to communicate 
plans and seek comments etc. The RA is planned to become part of OFCOM, a newly 
created government body. For further information, you can consult  
www.communicationsbill.gov.uk 
 
 
Frequency Band Sharing : Utopia or Reality ? 
 
Jean Isnard (SEE, France) provided a revised version of a paper he presented at the 2001 
CIE International Conference on Radar held in Beijing PRC, 15-18 October 2001. This article 
appears with the IEEE’s permission and is due to be published in the May issue of the IEEE’s 
“AES Magazine” (ISSN 0885-8985, Volume Seventeen, Number 5). 
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REGION II 
North America, South America 

 
Submitted by;  
Mr. Mike Ryan 
ICTS Region II Coordinator 
 
3-30GHz Augmentation 
 
Region II members are deeply involved in the issue of spectrum augmentation. Mr. Charles 
Glass of the National Telecommunications & Information Administration has been selected to 
be the USA point man for addressing the ITU-R 231 -1/8 Wideband Aeronautical Telemetry 
(ATM) Augmentation Questionnaire. To further this effort: 
 

- Several ICTS Region II Members participated in Mr. Glass’s periodic meetings 
with his ad-hoc Telemetry Experts Group, 

- The ICTS distributed copies of Mr. Gehrig’s (Deputy Director Resources and 
Ranges USA DoD) Data Call Questionnaire (“Aeronautical Telemetry 
Requirements for Frequencies <3 GHz”) to both ICTS Region II Members and 
Range Commanders Council Frequency Management Group Members, and 

- We helped and coordinated Air Force, Navy, and Industry responses to the 
Gehrig Questionnaire.    

 
Wold-Wide TM Utilization Matrix 
 
To aid in our search for this new ATM band, We previously compiled a survey detailing the 
USA-usage of the two current candidate bands: 4.4 -4.99 & 14.7145 -15.1365 GHz. (see 
Figure II-1 and II-2).  

 
Assignments in the 4.4 -4.99 GHz Band at 11 Sites (200 MIRAD) 

 
 4.4-4.5 4.5-4.6 4.6-4.7 4.7-4.8 4.8-4.9 4.9-4.99 “Open” Bands (Size in 

MHz) 
NAWCAD  
PAX 
River 

29 16 14 17 13 21 4.59-4.637(47), 4.68-
4.725 (40), 
4.784 -4.832 (48) 

Patrick 
AFB 

14 4 4 13 5 5 4.5-4.56(60), 4.5-4.7(200), 
4.784 -4.99(206), 

Eglin 
AFB 

0 0 0 0 0 3 4.4-4.9(500) 

Boeing 
St. Louis 

2 2 3 9 10 2 4.4-4.67(270) , 4.884-
4.99(106) 

Wichita 0 0 0 0 0 0 4.4-4.99(590)  
White 
Sands 
Missile 
Range 

19 17 13 25 20 14 4.485 -4.52(35), 4.66-4.7(40) 

Luke 
AFB 

20 
 

9 9 14 12 8 4.445 -4.48(35), 4.535-
4.59(55), 
4.727 -4.775 (48), 4.85-
4.92(70) 

Edwards 
AFB 

61 31 29 47 35 28  

Boeing 
Seattle 

11 8 21 27 31 6 4.478 -4.56(82), 4.685-
4.755 (60), 
4.884 -4.97(86) 

Barking 
Sands 

5 2 4 6 7 1 4.445 -4.637 (192) , 4.895-
4.99(95) 

Kwajalein 0 0 0 0 0 0 4.4-4.99(590)  
Totals 161 89 97 158 133 88  

 
Figure II-1 4.4-4.99 GHz Band Use in the US 
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Recently we further refined the 
survey by: 
 
- choosing the likely sites (with 

200 mile radius) where this new 
wide-band flight testing would 
be utilized (Figure II-3), 

- plotting and breaking-down the 
number of assignments (in the 
two proposed bands) around 
the 11 candidate sites into 100 
MHz sub-bands and, 

- finding the gaps in the 
candidate bands where this 
new ATM band augmentation 
can be accommodated. 

 
 

 
 
Although more study needs to be made, the 4.5-4.7 (200 MHz wide), 4.884-4.99 (106 MHz 
wide) & 14.87-15.1 GHz (130 MHz wide) sub-bands look promising. 
 
Region II Members  
 
The membership list has been updated, corrected and approved by the current ICTS 
Members for full ICTS Membership. Members are included from the United States of America 

 
 
Assignments in the 14.7145-15.1365 GHz Band at 11 Sites (200 MIRAD) 
 14.7145-

14.8 
14.8-14.9 14.9-15.0 15.0-

15.1365 
“Open” Bands  (Size in MHz) 

NAWCAD 
PAX River 

6 1 0 7 14.73 -15.0(270), 15.05-15.13(80) 

Patrick AFB 3 2 2 6 14.7145-14.83(116) ,  
14.92 -15.0(80), 5.05-15.13(80) 

Eglin AFB 0 2 3 4 14.7145-14.845(131), 14.87 -
15.02 (150),  
15.07 -15.1365(266) 

Boeing St. 
Louis 

1 0 0 0 14.7145-15.1365(422) 

Wichita 1 0 0 0 14.7145-15.1365(422) 
White 
Sands 
Missile 
Range 

12 6 6 16 14.73 -14.78 (50),  
14.82 -14.93 (110) , 

Luke AFB 8 14 4 6 14.765-14.815(50), 14.881-14.98(99) 
Edwards 
AFB 

4 8 4 6 14.75 -14.86 (110) , 14.9-14.99(90), 
15.05 -15.1365(86) 

Boeing 
Seattle 

44 31 5 4 14.872-14.993(121) ,14.995-15.093(98) 

Barking 
Sands 

0 1 0 0 14.7145-15.1365(422) 

Kwajalein 0 0 0 0 14.7145-15.1365(422) 
 

Figure II-2 14.7145-15.1365 GHz Band Utilization in the US 

 
 11 Wide Band Flight Test Telemetry Facilities/Candidates 

NAWCAD 
Patuxent River  

Patrick AFB 

Eglin AFB 

Boeing  
St. Louis 

Wichita 

White 
Sands 
Missile 
Range 

Luke AFB  

Boeing  
Seattle  

Edwards AFB  

Barking Sands 
& 

Kwajalein 

Figure II-3 Wide Band Sites in the US 
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and Brazil. Canadian telemetry experts have expressed interest in joining soon, and have 
provided us with data (Figure II-4) for the ICTS Worldwide Telemetry Use Matrix.  
 

 
 
 
 

 
REGION III 

Asia, Australia, New Zealand 
 
Submitted by; 
 Mr. Viv Crouch 
Chair and  ICTS Region III Coordinator 
Tel: +61-8-8259-6883 
Email:  vivian.crouch@dsto.defence.gov.au 
 
Combined Communications and Electronics Board [CCEB]  
Australia has successfully raised telemetry spectrum harmonisation as an agenda item for the 
Combined Communications and Electronics Board. The Australian, Canadian, New Zealand, 
United States and United Kingdom points of contact can be downloaded at the public domain 
CCEB web -site. http://www.dtic.mil/jcs/j6/cceb   By extension, it is generally hoped that the 
CCEB linkage with NATO will facilitate and enable wider contribution so that a future CCEB 
voice on the topic will also be a NATO voice – via the Multi-National Interoperability Council 
[MIC].  Vide: http://www.c3i.osd.mil/org/c3is/ccbm/micright.html 
 
Air Standardization Coordinating Committee [ASCC] 
The  issue of Flight Termination Standardization is now being addressed via the Air 
Standardisation Coordinating Committee - Working Party 20 Project 155. Similar to the 
CCEB, this committee provides for representation from Australia, New Zealand, Canada, the 
United States and the United Kingdom. Again it is hoped that the NATO countries that are 
willing to contribute will co-join on this effort. Details about the ASCC can be found -- along 
with the points of contact in each country at the ASCC web-site: 
http://www.xo.hq.af.mil/xor/xorg-iso/ascc 
 
 
Australian Movements on Spectrum Planning 
The need for a Defence Spectrum Planning Committee [DSPC] within Australia and the need 
for a Strategic Spectrum Plan have been recognised. A presentation on this was given at the 
Defence Spectrum Management Seminar, Canberra, 19-21 March 2002. The discussion 
paper on providing RF protection zones for the Australian ranges is posted at: 
http://www.aca.gov.au/frequency/fx3/fx03apd1.htm  the Spectrum Planning appointment 
made within Australia’s Defence Science and Technology Organisation to assist in preparing 
a strategic view is now well active. Email address is: Mr Bruce Vyden at:  
bruce.vyden@dsto.defence.gov.au 
 
Spectrum Augmentation 
The responses to ITU Administrative Circular CA/109, covering the need for additional 
spectrum in the 3 -30GHz Band  have been collated and submitted to Working Party 8B. The 
document containing the responses is 8B/219-E. Inquiries to: Mr George Wardle.  
george.wardle@ties.itu.ch   Notably, this action was precipitated through the previous CCEB 
action (attached to previous report – copies available on request). 
 
Biomedical Telemetry 
the discussion paper on the future of bio-medical telemetry is posted at 

1435-1535  FIXED, MOBILE NIB to CA DARS 1452-1492 MHz
2300-2483.5 FIXED, MOBILE  

RADIOLOCATION, Amateur
UAVs, Drones NIB to CA DARS  2320-2345 MHz                                              

Note 2360-2400 MHz reserved for Government of Canada 
exclusively

4460-4540                         
4900-4990

FIXED, MOBILE TRR, UAVs planned. Bands reserved for Government of Canada Exclusively.  
Assignment plan may be adjusted due to harmonization 
issues.

Figure II-4 Canadian TM Bands 
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http://www.aca.gov.au/frequency/proposal.htm 
 

 
Research and Development 
Regional telemetry research efforts appear to be limited to wild-life tracking [vide: the 
International Society for Bio -Telemetry web-site at http://baby.indstate.edu/isb/  ] and 
meteorology applications. A notable exception includes the collaboration between New 
Zealand and the University of Arizona on underwater telemetry propagation and the now 
terminated collaboration between the University of South Australia and USAF on 'data cycle 
map synthesis'.  The very notable exception to the paucity of telemetry research investment in 
the Asian countries is China, but its something we should all be aware of via the extensive 
reporting of their research and development efforts in space and aerospace application at 
both the annual ITC and ETTC events.  
 

Considerable records were made at the Woomera range during the Anglo/Australian Joint 
Projects, NASA and DLVR programmes up until 1987 on the effects of missile plumes on 
telemetry propagation. It would seem to me that this data should be assembled and 
appropriated for the benefit of all.  I'm not sure  at present, if Australia (as the service 
provider) or the UK or others (as the customers) either have the spare capacity or willingness 
to do this.  Apart from this, perhaps the National Plume Measurement Capability in the United 
States could be augmented to incorporate those RF measurements needed to characterise 
missile plume attenuation across the RF spectrum.  This would help remove any speculation 
about WHY specific frequency bands better support telemetry/telecommand and command-
destruct/flight termination applications. 
 
CCSDS Coordination 
The national CCSDS representative in Australia has been kept informed on ICTS activities 
and all alerts on spectrum happenings.  Email address is: richard.c.jacobsen@jpl.nasa.gov  
The recent response forwarded to the ICTS executive committee noted that spectrum 
preservation to support launch support was outside the CCSDS charter and that of its  Space 
Frequency Coordinating Group. [SFCG]  Unless someone (somewhere) maintains a global 
launch site directory this means that each individual launch site would need to be separately 
addressed to help populate the ICTS global-use matrix.  
 
Missile Terminations  
The missile termination band [420-450MHz] is under severe stress in Australia and other 
regions. ICTS members must brief their national spectrum administrations on the safety and 
security aspects. Pprospective civil aerospace and space  launch industry responses in 
Australia have yet to be assembled and consolidated to contribute to a position paper.  A 
good response was received from Dr Ian Tuohy at British Aerospace Australia. Other 
responses included quotable quotes such as ‘our members are seized by more immediate 
matters’  which came from the Australian Association of Aviation Industries and the Systems 
Engineering Society of Australia (affiliated with INCOSE) responded with ‘what has this got to 
do with us?’  Minor responses and membership inclusions [but no contributions] resulted from 
promotion to the Society of Experimental Test Pilots, Air Services Australia, the Australian 
Chapter of the Association of Old Crows, the Society of Flight Test Engineers, and the 
regional chairs of th e IEEE and the AIAA.   This means that in the Asia/Pacific region – the 
only professional body that is taking a pro-active interest is the International Test and 
Evaluation Association – through its two regional Chapters [the Southern Cross Chapter - 
Austr alia and the Mid-Pacific Chapter - Hawaii].  Notably  - SLASO  alerted the prospective 
Australian space launch industries (in-country and off-shore) - which generated a single 
response from a US-based subcontractor - “Viv, you’re asking a drowning man to get 
interested in water pollution”.  Delivered incorporated ICTS awareness into the presentations I 
gave to the Defence Radio Frequency Management Seminar, held Canberra Australia 19-21 
March 2002 and to the Town Meeting of the ITEA Workshop held in Solomons, MA, April 8-
11, 2002. The theme of the ITEA Workshop was ‘The T&E Role in Experimentation’.   A copy 
of both these presentations are available on request.  
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Gobal TM Utilization Database 
 
All regional embassies have responded with their Table of Alloc ations – which, almost in their 
entirety, contribute NOTHING to the global use matrix – as telemetry receives no specific 
citation. This means that the prinicipal stakeholders need to be identified and individually 
targeted in order to populate the ICTS global use matrix. Still unclear on exactly who is 
protecting KMR interests [Marshall Islands] in Region 3 but have done our best to keep KMR 
informed of spectrum happenings in Region 3. No regional spokesman could be found for the 
Space or Aerospace Industries in Australia or in the Asia/Pacific region.  
 
Strongly suspect that the telemetry industry (via the US and European suppliers) can paint a 
better picture of national telemetry spectrum use within the Asia/Pacific countries than their 
various national administrations can! This STILL highlights the exquisite vulnerability of the 
space/aerospace and tracking and launch ranges in this part of the world –  who are 
seemingly operating in the absence of both situation awareness and literate national and 
regional representation. There is a clear lack of regional situation awareness and leadership 
in evidence that must necessarily place high cost infrastructure at extreme risk. 
 
Self-regulation at the world's ranges (.eg via adoption of the IRIG or CCSDS standards  or 
their prospective future merging into an international standard) cannot survive the current and 
accelerating global spectrum deregulation.  Who will actually staff and fund the regulatory 
effort to achieve global telemetry harmonisation – and hence counter the fragmentation 
caused by the current deregulatory efforts - is still quite unclear.  This national and regional 
infrastructure vulnerability clearly lacks ownership.  
 
Spectrum Congestion in Region III 
With respect to high altitude UAVs such as Global Hawk, our understanding on spectrum 
availability and the intersecting radio horizons within Asia/Pacific sovereign states is that any 
permanent operational use of military or civil UAVs/RPVs within the Asia/Pacific region could 
be quite constrained.  The extent of these constraints is still yet to be consolidated and 
reported – but current experience should also serve to highlight the compelling linkage 
between spectrum planning and airspace planning -- with respect to future experimentation 
and Advanced Concept Technology Demonstrations.  With respect to the Australian ranges 
supporting military or civil space/aerospace or weapons systems development activities, 
understanding is STILL sought on how others have sought and achieved RF protection 
zones  within their national administrations.  A common understanding and practice might  be 
usefully explored and promoted. 
 
 
Summary 
 
With respect to Region III, the  Australian revisions to the global ICTS have been forwarded to the 
ICTS Vice-Chair for inclusion. Thanks go to Mr Peter Henrick for his sleuthing efforts. Email: 
peter.henrick@defence.gov.au  We can only strongly recommend that a critical emphasis 
also needs to be placed on strategic planning to support a twenty year look-ahead on ‘things 
to come’  and agree on a shared vision - followed by strong consolidated recommendations – 
to help bring order out of the present chaos. 
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Working Group Reports 

 
 

WG 1  Spectrum Augmentation 
 
CTS WG 1 was established to prepare a report on the technical challenges of conducting 
telemetry operations in the 3-30 GHz region of the electromagnetic spectrum.  The report 
is in response to the International Telecommunications Union's proposal to consider the 
allocation of a new telemetry band in the 3 to 30 GHz region of the spectrum.  The report 
will be for the use of ICTS members in understanding the issues associated with the 
proposal, and in supporting their respective national spectrum management offices that 
will be developing their national positions on the proposal.  The report will not contain any 
official ICTS position; its sole purpose is to present a consolidation of the technical 
issues. 
 
The working group currently comprises members from the US, Germany, France, and the 
United Kingdom.  Brazil is actively considering joining the working group.  The working 
group has developed an outline of the report and will prepare an initial draft for 
presentation to the membership at the October meeting (held in conjunction with ITC).  
The report must be published no later than June 2004 in order to support national 
preparations for the World Radiocommunications Conference in 2005. 
 
 
Special Topics 
 
 
Current Spectrum Encroachment. The main two threat to the spectrum was the l aunches 
of Digital Audio Broadcast (DAB) satellites within the L and S bands and the International 
Mobile Telecommunications (IMT) 2000 initiative.  Several new L-band DAB satellite 
systems had been proposed and WorldSpace was teaming with Alcatel for a L-band DAB 
service for Europe.  France is the filing administration.  Malaysia intends to coordinate for 
a new satellite service and that two companies are ready to begin DAB services in the US 
in the S-band.  Pertaining to the IMT 2000 threat, The US telemetry community was 
concerned with this initiative because of the high use of telemetry systems in the 1755-
1850 MHz band. Four options are being considered within the US for accommodating 
IMT 2000 within the band.  The four options under consideration are 1) share the band 
between IMT-2000 and government users; 2) have the government vacate the band and 
migrate to an unidentified band; 3) segment the band; or 4) a mix of the first three 
options.  Within the US, the band must be auctioned off by September 2002.  Allocations 
for IMT 2000 within Europe have already been settled. 

 
Spectrum Augmentation. There is a WRC 06 Agenda Item to identify augmentation bands 
between 3 – 30 GHz for wideband aeronautical telemetry.  There is a growing concern 
that such consideration would be used to support the ousting of telemetry from the L and 
S band.  Several candidate bands were identified.  It was noted that at WRC 97, 25.5 – 
27.0 GHz was allocated for wide-band telemetry and that Japan used 25.0 – 45.0 GHz for 
its wide-band telemetry.  The US is conducting an  investigation into he impact that the 
augmentation could have on hardware and antenna designs and networks by 
investigating channel characteristics and adverse channel mitigation techniques.  France 
noted that they were in the process of propagating their antenna data and this information 
could possibly be of some use in their study.  It was suggested that a session be held at 
the meeting in October to discuss the French the propagation.  It was recommended that 
Mr. Christian Thomas conduct the session. 

 
FCC Part 15 Devices.  Mr. Mikel Ryan has presented information that  discussed the 
threat of Part 15 devices to telemetry systems.  Part 15 devices are very low powered 
devices, such as garage door openers and baby monitors, that don’t require frequency 
approval or certification through the FCC for operation.  He stated that even though they 
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radiated very low powers, potential interference is possible if operating within close 
proximity to very sensitive equipment.  

 
 

 
Summary 
 
 
The work of the ICTS has just began. In our first year we established the charter, by-laws, 
and structure needed to perform this vital mission.  We have excellent membership numbers 
from regions I and II and are getting the message out to the international community through 
the IFT, the International Test and Evaluation Association, and the Society of Flight Test 
Engineers.  
 
More publicity is needed.  Members need to regularly offer papers at technical conferences 
that bring the ICTS and its mission forward.  Articles need to be place in trade journals and 
newsletters. Many national bodies are still unaware of the threat and the issues. Members 
need to make a concerted effort to inform their national regulatory bodies and ITU 
representatives of the Telemetry encroachment issue. 
 
WRC is coming. The World Radio Council will discuss the 3-30GHz TM band Augmentation 
at WRC 2003 and as an agenda item in 2006. The ICTS will pay a major role in distributing 
studies and technical reports to members in support of this agenda item. Members need to 
ensure this information is  in the right hands within their governments to gather support for 
this new spectrum allocation.  
 
Encroachment Continues.  The ICTS closely monitors work in ITU Working Parties 8B and 8D 
with regards to telemetry spectrum encroachment. Commercial interests such as mobile 
Satellite Communications, Digital Audio Broadcasts, and Personal Communication Services 
will continue to seek additional airwaves for their services.  We need to prevent further 
erosion and interference from these services  to protect vital telemetry capability. 
 
The next several years will be very busy for the ICTS. 
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